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plicit  tokens,  i.e.,  control  messages,  are  used  to  provide  the  required  scheduling.  Other 
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access  mechanisms,  according  to  which  these  implicit-token  DANA  schemes  can  be  classi¬ 
fied,  are  identified.  We  describe  these  three  mechanisms  and  the  various  service  disciplines 
achieved  by  them  together  with  their  network  topologies.  We  present  some  representative 
schemes  for  each  class,  discussing  their  performance  and  other  important  attributes.  We 
show  that  these  schemes  overcome  some  of  the  performance  limitations  of  existing  random 
access  schemes,  making  them  particularly  suited  to  the  high  bandwidth  requirements  of 
an  integrated-services  digital  local  network.  For  a  more  extensive  and  detailed  evaluation 
of  the  performance  of  these  DAMA  schemes,  we  examine  two  of  them,  Expressnet  and 
Fasnet,  operating  under  various  service  disciplines.  Throughput  and  delay  characteristics 
over  a  range  of  operating  conditions  axe  preser  and  discussed.  Lastly  we  propose  a 
combined  voice/data  protocol  suitable  for  DAMA  •  idcast  networks.  Such  networks  are 
well  suited  to  the  integration  of  voice  and  data  since  they  guarantee  bounded  delay  and 
provide  high  utilization  of  the  channel  even  at  high  bandwidths.  Using  Expressnet  as  a 
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fic  experiences  under  ,  this  protocol.  We  show  that  the  access  protocol  is  able  to  utilize 
the  channel  efficiently  to  support  a  large  population  of  voice  sources  while  maintaining 
low  packet  delay  and  guaranteeing  some  prespecified  minimum  bandwidth  for  data  traffic. 
In  addition,  we  show  the  advantages  of  silence  suppression,  i.e.,  discarding  speech  that 
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Fig.  2.8  Network  capacity  versus  a  for  BRAM  showing  the  effect  of  some  28 
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Fig.  2.10  Network  capacity  versus  a  for  BID.  34 
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all  failed. 
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Fig.  2.14  Time-space  diagram  for  L-Expressnet  showing  typical  activity  on  43 
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RP  (EORP)  is  always  seen  before  EOC(t),  in  (b)  EORP  is  always 
seen  after  EOC(»),  and  in  (c),  depending  on  the  relative  positions 
of  the  stations,  EORP  may  be  seen  either  before  or  after  EOC(i). 

Fig.  2.19  Network  capacity  versus  o  for  DSMA.  54 

Fig.  2.20  BBC  configuration  used  in  the  Control- Wire  scheme.  55 
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fic  condition. 
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Fig.  3.11  Average  delay  normalized  by  the  packet  transmission  time  T  ver-  150 
sus  the  channel  throughput  with  o  =  1.0  and  10  comparing  NGSS, 

GSS  and  HOLS.  The  curves  for  HOLS  with  a  =  10  were  obtained 
by  simulation.  All  the  other  curves  were  obtained  from  the  anal¬ 
ysis. 

Fig.  3.12  Average  delay  normalized  by  the  packet  transmission  time  T  ver-  151 
sus  the  channel  throughput  for  GSS  in  Expressnet  as  compared 
to  GSS  in  Fasnet. 

Fig.  3.13  Average  delay  normalized  by  the  packet  transmission  time  T  ver-  153 
sus  the  channel  throughput  for  NGSS  in  Fasnet  as  compared  to 
NGSS  in  Expressnet. 

Fig.  3.14  Average  delay  normalized  by  T  versus  the  channel  throughput  154 
showing  the  effect  of  the  preamble  on  the  throughput-delay  per¬ 
formance  of  NGSS  in  Expressnet. 

Fig.  3.15  Throughput  multiplied  by  M  versus  the  generation  rate  MXT  for  155 
GSS  in  Fasnet  as  achieved  by  the  most  upstream  station  and  the 
most  downstream  station  for  o  =  0.1. 

Fig.  3.16  Throughput  multiplied  by  M  versus  the  generation  rate  MXT  for  156 
GSS  in  Fasnet  as  achieved  by  the  most  upstream  station  and  the 
most  downstream  station  for  o  =  1.0. 

Fig.  3.17  Throughput  multiplied  by  M  versus  the  generation  rate  MXT  for  157 
GSS  in  Fasnet  as  achieved  by  the  most  upstream  station  and  the 
most  downstream  station  for  o  =  10. 

Fig.  3.18  Throughput  multiplied  by  M  versus  the  generation  rate  MXT  for  159 
GSS  in  Fasnet  with  a  =  1  and  M  =  10  as  achieved  by  each  station 
on  the  network. 

Fig.  3.19  Throughput  multiplied  by  M  versus  the  generation  rate  MXT  for  161 
HOLS  in  Fasnet  as  achieved  by  the  most  upstream  station  and 
the  most  downstream  station  for  a  =  0.1. 
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Fig.  3.20  Throughput  multiplied  by  M  versus  the  generation  rate  MAT  for  162 
HOLS  in  Fasnet  as  achieved  by  the  most  upstream  station  and 
the  most  downstream  station  for  a  =  1.0. 

Fig.  3.21  Throughput  multiplied  by  M  versus  the  generation  rate  MAT  for  163 
HOLS  in  Fasnet  as  achieved  by  the  most  upstream  station  and  the 
most  downstream  station  for  a  =  10.  These  curves  were  obtained 
by  simulation. 

Fig.  3.22  Normalized  average  delay  versus  the  throughput  for  GSS  in  Fas-  164 
net  as  achieved  by  the  most  upstream  station  and  the  most  down¬ 
stream  station. 

Fig.  3.23  Normalized  average  delay  versus  throughput  for  HOLS  in  Fas-  165 
net  as  is  achieved  by  the  most  upstream  station  and  the  most 
downstream  station. 

Fig.  3.24  Comparison  of  the  throughput-delay  characteristics  as  achieved  167 
by  the  most  upstream  station  and  the  most  downstream  station  in 
both  Expressnet  and  Fasnet  operating  under  the  GSS  discipline. 

Fig.  3.25  Variance  of  delay  versus  throughput  for  NGSS  in  Expressnet.  The  168 
curves  shown  are  for  the  variance  as  achieved  by  any  station  on 
the  network. 

Fig.  3.26  Variance  of  delay  versus  throughput  for  GSS  in  Fasnet.  The  169 
variance  as  achieved  by  the  most  upstream  station  and  the  most 
downstream  station  is  shown  for  each  of  the  values  of  a  and  M. 

Fig.  3.27  Variance  of  delay  versus  throughput  for  HOLS  in  Fasnet.  The  170 
variance  as  achieved  by  the  most  upstream  station  and  the  most 
downstream  station  is  shown  for  each  of  the  values  of  o  and  M. 

The  curves  shown  for  a  =  10  were  obtained  by  simulation. 

Fig.  3.28  Coefficient  of  variation  of  delay  versus  throughput  for  NGSS  in  172 
Expressnet  with  a  =  1.0.  The  curves  shown  are  for  the  variance 
as  achieved  by  any  station  on  the  network. 

Fig.  3.29  Coefficient  of  variation  of  delay  versus  throughput  for  GSS  in  Fas-  173 
net  with  a  =  1.0.  The  variance  as  achieved  by  the  most  upstream 
station  and  the  most  downstream  station  is  shown  for  each  of  the 
values  of  M. 
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Fig.  3.30  Coefficient  of  variation  of  delay  versus  throughput  for  HOLS  in  174 
Fasnet  with  a  =  1.0.  The  variance  as  achieved  by  the  most  up¬ 
stream  station  and  the  most  downstream  station  is  shown  for  each 
of  the  values  of  AT. 
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After  a  few  rounds,  a  new  steady  state  condition  is  reached. 

Fig.  4.3  A  second  hypothetical  scenario  showing  how  the  protocol  auto-  183 
matically  adjusts  the  packet  transmission  time  to  accommodate  a 
station  leaving  a  network.  Again,  after  a  few  rounds,  a  new  steady 
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Fig.  4.4  Activity  on  the  inbound  channel  showing  the  events  that  constitute  184 
a  cycle  and  the  notation  used  to  describe  these  events. 

Fig.  4.5  Three  state  Markov  chain  describing  the  activity  of  a  voice  source.  193 

Fig.  4.6  Voice  delay  as  a  function  of  the  number  of  active  voice  sources  N  204 

with  various  values  of  W  and  Dmax,  and  Wd  =  0.  Curves  corre¬ 
sponding  to  both  a  system  with  silence  suppression  and  one  with¬ 
out  silence  suppression  are  shown. 

Fig.  4.7  Voice  delay  as  a  function  of  N  with  various  values  of  Dmax  and  207 
W,  and  with  Wd  =  0.3JV.  Curves  corresponding  to  both  a  system 
with  silence  suppression  and  one  without  are  shown. 

Fig.  4.8  Voice  delay  versus  N  with  W  =  lOOMb/s,  DmiX  =  10ms,  and  209 
various  values  of  Wd  showing  the  effect  of  data  traffic  on  the  voice 
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Fig.  4.12  Fraction  of  speech  lost  due  to  clipping  versus  N  with  DmMX  = 
10ms.  The  curves  show  only  the  case  where  there  is  no  silence 
suppression. 

Fig.  4.13  Actual  bandwidth  achieved  by  data  traffic  as  a  function  of  N  with 
W4  =  0.3W  and  various  values  of  W  and  DmiX.  We  only  show 
curves  for  the  case  where  no  silence  suppression  is  in  effect. 
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Table  4.1  7Vmix  for  various  values  of  W  and  Dmtx.  W 4  =  0.  The  theoretical  205 
maximum  value  of  N ,  given  by  the  bandwidth  constraint  [W/VJ, 
is  also  indicated. 

Table  4.2  Comparison  of  silence  suppression  and  no  silence  suppression  206 
showing  the  number  of  active  sources  required  for  a  given  packet 
delay.  The  factor  increase  in  JV  for  TASI  is  also  shown. 

Table  4.3  Comparison  of  increase  in  N  for  varying  degrees  of  clipping  and  211 
various  values  of  W  and  Dmix. 
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Chapter  1 


Introduction 


1,1  Historical  Background 

At  the  end  of  the  1960’a,  store- and-forward  packet  switching  technology  emerged 
as  a  cost  effective  alternative  to  circuit  switching  techniques  for  providing  commu¬ 
nications  to  “bursty  traffic"  such  as  that  generated  by  computer  communications 
11],  (21- 

Packet  switching  is  based  on  the  idea  of  providing  part  or  all  of  the  communi¬ 
cation  resource  to  one  user  at  any  given  time  but  only  for  the  amount  of  time  that 
that  user  requires  it.  A  store-and-forward  network  consists  of  a  number  of  switches 
or  nodes,  partially  connected  by  point-to-point  links.  Each  user  or  station  divides 
its  messages  into  packets  which  are  individually  addressed  and  handled.  The  station 
passes  the  packets  to  the  node  to  which  it  is  connected.  This  node  then  forwards  the 
packets  to  their  destination  stations  via  some  intermediate  nodes.  Statistical  multi¬ 
plexing  of  messages  from  multiple  source/destination  pairs  is  achieved  by  queueing 
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the  packets  at  the  individual  nodes  and  transmitting  them  when  the  outgoing  chan¬ 
nel  becomes  free.  At  the  present  time,  these  systems  are  reasonably  mature  and 
are  now  in  widespread  use. 

Local  area  networks  is  a  relatively  new  field  that  emerged  around  the  mid  1970’s 
[3].  It  was  intended  to  bring  the  advantages  of  packet  switching  communication  tech¬ 
nology  to  bear  on  the  communications  needs  of  the  expanding  in-house  computer 
facilities.  They  can  generally  be  differentiated  from  long-haul  store-and-forward 
networks  by  the  following  characteristics:  local  area  networks  span  a  geographical 
area  of  a  few  kilometers  such  as  a  single  building  or  cluster  of  buildings;  the  data 
rate  on  a  local  area  network  is  high,  typically  l-100Mb/s;  they  are  usually  privately 
owned  rather  than  publicly  available;  the  cost  of  transmission  and  controlling  the 
network  is  low  compared  with  long-haul  networks. 


1.2  Existing  Local  Area  Network  Schemes 

Local  area  networks  can  be  broadly  categorized  into  two  basic  types.  These  are 
broadcast  busses  and  ring  systems  [2],  [3],  [4],  [5j.  In  ring  systems  the  data  flow  is 
unidirectional  propagating  around  the  ring  from  station  to  station.  The  interface 
between  a  station  and  the  network  is  an  active  device  which  receives  the  signal  from 
the  incoming  line  and  retransmits  it  on  the  outgoing  line.  Various  techniques  for 
accessing  the  channel  exist  which  give  rise  to  various  types  of  ring  networks  such  as 
token  rings,  slotted  rings,  and  register  insertion  rings. 

In  a  token  ring,  a  data  structure  consisting  of  a  delimiter  and  a  busy/free 
indicator,  called  a  token,  propagates  around  the  ring  from  station  to  station.  When 
a  station  wishes  to  send  a  packet  it  waits  until  it  receives  the  token.  If  the  token 
is  free,  the  station  sets  it  to  busy  and  transmits  its  packet  preceded  by  the  busy 
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token.  When  the  packet  returns  to  the  sender,  it  is  removed  from  the  ring.  The 
sending  station  also  has  the  responsibility  to  retransmit  a  new  free  token. 

In  the  slotted  ring,  the  channel  is  divided  into  a  fixed  number  of  slots  which 
travel  around  the  ring.  A  station  that  wishes  to  send  a  packet  waits  for  a  free  slot, 
sets  the  busy/free  indicator  of  that  slot  to  “busy’*  and  inserts  its  packet  into  this 
slot.  When  the  packet  returns  to  the  sender  it  is  removed  from  the  ring  and  the 
slot  is  set  to  “free.” 


In  a  buffer  insertion  ring,  a  station  transmits  its  packet  onto  the  ring  by  inserting 
into  the  ring  sufficient  buffer  space  to  accommodate  the  additional  data.  Incoming 
data  can  be  placed  in  this  buffer  as  the  packet  is  transmitted  out  onto  the  ring. 
This  buffer  space  is  reclaimed  by  the  station  when  it  becomes  empty  due  to  normal 
inter-packet  gaps.  In  contrast  to  token  rings  and  slotted  rings,  in  the  buffer  insertion 
ring  it  is  the  responsibility  of  the  receiving  station  to  remove  the  packet  from  the 
ring. 


In  [4],  the  maximum  channel  throughput  or  network  capacity  of  a  token  ring  is 
shown  to  be 


i  +  37* 

i 

f  (1  +  1  /N) 


( rW/B ) <  1 
{tW/B)  >  1 


(1.1) 


where  N  is  the  number  of  stations  transmitting,  r  is  the  propagation  delay  of  the 
signal  around  the  ring  in  seconds,  W  is  the  bandwidth  of  the  channel  in  bits  per 
second,  and  B  is  the  number  of  bits  in  a  packet.  The  ratio  tW/B  is  referred  to  as 
the  “a  factor.”  In  Fig.  1.1,  the  channel  capacity  for  a  token  ring  is  plotted  versus  a. 
We  see  that  the  channel  utilization  falls  off  rapidly  for  o  greater  than  about  1.  We 
note  that  ring  systems  always  guarantee  an  upper  bound  on  the  packet  delay. 


Multiaccess  broadcast  bus  systems  have  been  popular  since,  by  combining  the 
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advantages  of  packet  switching  with  broadcast  communications,  they  offer  efficient 
solutions  to  the  communication  needs  of  the  local  area  environment  both  in  simplic¬ 
ity  of  topology  and  flexibility  in  satisfying  growth.  Random  access  methods  such 
as  Carrier  Sense  Multiple  Access  (CSMA)  [6],  [7]  have  been  effectively  employed. 
The  Ethernet  [8]  is  a  common  example.  In  these  systems,  a  station  that  wishes  to 
transmit  senses  the  channel  to  see  if  it  is  currently  being  used.  If  the  channel  is 
busy,  the  station  in  question  reschedules  its  transmission  for  some  later  time.  If 
the  channel  is  idle,  the  packet  is  transmitted.  Note  that  it  takes  a  finite  amount 
of  time  for  the  signal  to  propagate  across  the  network.  Therefore,  it  is  possible  for 
a  station  to  detect  the  channel  to  be  idle  and  to  begin  transmission  when,  in  fact, 
another  station  has  already  begun  to  transmit.  In  this  circumstance,  two  trans¬ 
missions  occur  simultaneously  and  a  collision  occurs.  The  efficiency  of  the  channel 
can  be  improved  if  stations  listen  for  such  collisions  and  abort  their  transmissions 
when  a  collision  occurs  (9j.  This  variant  of  the  access  protocol  is  called  CSMA  with 
collision  detection  (CSMA/CD). 


While  reliable  operation  of  a  ring  network  relies  on  the  integrity  of  explicit 
information  such  as  a  unique  token,  or  slot  boundaries  and  slot  status,  as  well  as 
on  the  proper  operation  of  the  active  taps  in  relaying  the  packets  and  removing 
them  at  either  the  receiver  or  the  sender,  random  access  schemes  are  simple  to 
implement,  robust,  and  are  considered  more  reliable  than  ring  networks  since  the 
taps  and  medium  used  are  generally  passive.  However,  due  to  the  random  conflicts, 
a  fraction  of  the  bandwidth  is  wasted  and  packet  delay  is  unbounded.  Moreover, 
they  do  exhibit  performance  limitations  particularly  when  the  channel  bandwidth 
is  high  or  the  geographical  area  to  be  spanned  is  large.  For  example,  in  [9],  [11]  it 
has  been  shown  that  the  maximum  channel  throughput  for  the  infinite  population 
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slotted  CSMA/CD  scheme  is  given  by 


5=(1+1f‘ 

i  (2  +  K)a 


a  <  0.5 
a  >  0.5 


(1.2) 


where  K  is  a  constant  (in  the  neighborhood  of  3  to  6)  which  depends  on  the  partic¬ 
ular  version  of  the  protocol,  and  as  for  rings,  a  =  tW/B  where  r  is  the  end  to  end 
propagation  delay  of  a  signal  across  the  network  in  seconds,  W  is  the  bandwidth  of 
the  channel  in  bits  per  second  and  B  is  the  number  of  bits  in  a  packet.  In  Fig.  1.2, 
the  channel  utilization  for  the  slotted  non-persistent  CSMA/CD  protocol  with  infi¬ 
nite  population  is  plotted  versus  o.  The  behavior  is  similar  to  that  experienced  with 
token  rings.  We  see  that,  for  CSMA/CD,  the  channel  utilization  falls  off  rapidly 
for  a  greater  than  about  0.1.  Any  effort  to  push  the  technology  to  higher  data 
rates  with  the  hope  to  achieve  a  network  throughput  proportional  to  the  increase 
in  channel  bandwidth  is  unfortunately  rewarded  only  by  a  marginal  improvement. 


Local  area  networks  have  registered  significant  advances  in  recent  years.  Cur¬ 
rently  many  ring  and  random  access  broadcast  bus  networks  are  commercially  avail¬ 
able  and  these  networks  have  proven  to  work  well  in  the  environments  for  which 
they  have  been  designed,  i.e.,  operating  in  the  l-10Mb/s  range  and  spanning  a 
couple  of  kilometers.  However,  as  the  communication  network  is  required  to  service 
a  larger  number  of  stations  and  as  new  services  such  as  voice,  facsimile  and  perhaps 
video  are  integrated  onto  a  single  network,  more  stringent  requirements  in  terms  of 
high  bandwidth  and  real-time  response  will  be  placed  on  the  network.  It  is  clear 
that  the  existing  broadcast  bus  schemes  will  not  perform  adequately  in  the  new 
environments.  Thus,  there  is  the  need  to  look  beyond  existing  schemes  for  new 
methods  and  techniques  suitable  for  future  local  area  network  requirements. 
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1.3  New  Proposals  and  Trends  for  Local  Area  Networks 

Recently,  a  number  of  new  schemes  have  been  proposed  for  broadcast  bus  net¬ 
works.  These  schemes  provide  conflict-free  transmission  using  distributed  access 
protocols  with  round  robin  scheduling  functions  which  thus  lead  to  bounded  delay. 
The  stations  that  are  “alive*  are  ordered  so  as  to  form  what  is  called  a  logical  ring 
according  to  which  they  are  given  their  chance  to  transmit.  We  refer  to  these  net¬ 
work  proposals  as  demand  assignment  multiple  access  (DAMA)  schemes.  In  some 
of  these  schemes,  such  as  the  Token-Passing  Bus  Access  Method  [15]  and  the  Sound 
Off  Control  Scheme  [16],  an  explicit  message  gets  sent  around  the  logical  ring  to 
provide  the  required  scheduling;  the  station  holding  the  token  at  any  instant  is  the 
one  that  has  access  to  the  channel  at  that  instant.  It  relinquishes  its  right  to  access 
the  channel  by  transmitting  the  token  to  the  next  one  in  turn.  Unfortunately,  as 
in  rings,  the  robustness  of  these  networks  depends  on  the  integrity  of  the  token 
and  on  the  proper  operation  of  the  involved  stations.  In  addition,  the  performance 
degrades  significantly  with  a  [4]. 

In  contrast  to  those  schemes  where  a  station  transmits  an  explicit  token  to 
the  next  in  turn,  in  others  the  stations  rely  on  various  events  due  to  activity  on 
the  channel  to  determine  when  to  transmit.  Since  the  token  passing  operation  is 
implicit ,  the  overall  robustness  of  the  network  is  improved  over  token  bus  networks. 
Here  too,  packet  delay  is  bounded;  but  in  addition  both  throughput  and  delay  can 
be  made  much  less  sensitive  to  a,  thus  rendering  these  schemes  particularly  suitable 
to  networks  with  high  bandwidth,  small  size  packets  (such  as  those  arising  from 
real  time  applications),  and  long  distances. 

While  packet  switching  has  become  well  established  as  a  means  of  providing 
efficient  communications  for  bursty  traffic  characteristic  of  computer  systems,  there 
has  also  been  considerable  interest  in  the  application  of  such  networks  to  the 
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communication  requirements  of  stream  traffic,  such  as  digitized  speech  [17],  [18], 
[19].  In  particular,  the  integration  of  voice  and  data  onto  a  single  local  area  net¬ 
work  has  received  considerable  attention  [20],  [21],  [22],  [23],  [11],  [24].  There  are  a 
number  of  reasons  for  this:  the  features  of  local  area  networks,  such  as  their  sim¬ 
ple  architectures  and  flexible  operation,  can  be  exploited  for  voice  communication 
systems;  a  single  distributed  communication  system  can  be  used  to  satisfy  the  com¬ 
munication  needs  of  both  data  and  voice  traffic  (and,  in  the  future,  other  types  of 
communications  that  services  may  require);  one  can  more  easily  implement  services 
that  depend  on  both  data  and  voice  communication  systems,  such  as  a  voice  mail 
facility;  the  rapidly  declining  costs  of  digital  electronics  and  processing  capability 
makes  distributed  digital  communications  not  only  feasible  but  cost  effective. 

The  communication  requirements  of  voice  traffic  are  significantly  different  from 
those  of  data  traffic.  Data  sources  usually  require  an  error  free  transmission  channel 
as  well  as  some  minimum  bandwidth.  Voice  sources,  on  the  other  hand,  require  some 
bound  on  the  delay  of  the  speech  signal,  i.^.,  the  time  taken  to  deliver  a  speech 
sample  to  the  listener  after  the  instant  at  which  it  is  generated,  since  real  time 
speech  that  is  excessively  delayed  is  worthless,  and  they  require  continual  access  to 
the  channel  once  a  connection  has  been  made.  However,  they  are  able  to  tolerate 
some  corruption  or  loss  of  the  speech  signal  with  unnoticeable  or  little  degradation 
of  the  intelligibility  of  the  received  speech  signal. 

Demand  assignment  multiple  access  networks  are  particularly  well  suited  to  the 
integration  of  voice  and  data  traffic  since  they  provide  round  robin  service  thus 
leading  to  bounded  packet  delay.  In  addition,  as  exemplified  by  the  performance  of 
Expressnet  and  Fasnet  to  be  discussed  in  chapter  3,  many  of  these  DAMA  schemes 
provide  high  utilization  at  high  bandwidths  which  is  required  if  one  wishes  to  sup¬ 
port  a  large  number  of  voice  sources  while  at  the  same  time  providing  sufficient 
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bandwidth  for  data  traffic  and  other  services. 


1.4  Contributions  of  This  Work 

The  purpose  and  usefulness  of  this  work  is  to  investigate  these  implicit  token 
DAMA  schemes  and  evaluate  their  performance.  We  will  show  that,  if  they  are 
designed  correctly,  they  can  achieve  close  to  full  utilization  of  the  channel  at  arbi¬ 
trarily  high  bandwidths  and,  due  to  the  round  robin  nature  of  the  service,  are  well 
suited  to  satisfy  the  demands  of  real  time  traffic. 

This  investigation  consists  of  three  major  thrusts.  In  chapter  2  we  present  a 
number  of  implicit  token  DAMA  schemes.  Most  of  these  implicit-token  DAMA 
schemes  have  been  proposed  independently  and,  from  reading  their  descriptions, 
may  appear  to  be  unrelated.  However,  with  careful  examination,  basic  commonal¬ 
ities  can  be  identified.  These  commonalities  as  well  as  the  unique  features  of  each 
scheme  are  made  explicit  by  presenting  the  schemes  in  a  unified  manner.  It  is  pos¬ 
sible  to  identify  three  basic  access  mechanisms  according  to  which  these  schemes 
can  be  classified.  These  are  the  scheduling-delay  access  mechanism,  the  reservation 
access  mechanism  and  the  attempt-and-dcfer  access  mechanism.  In  this  chapter,  we 
describe  in  general  terms  these  three  access  mechanisms,  their  underlying  network 
topologies,  and  several  different  conflict  free  round  robin  service  disciplines  that  can 
be  identified.  We  present  an  in  depth  analysis  of  the  schemes  belonging  to  each  of 
the  three  classes,  highlighting  their  similarities  and  differences. 

In  chapter  3  we  examine  two  of  these  DAMA  schemes,  namely  Expressnet  [10], 
[11]  and  Fasnet  [12],  [13],  and  present  a  detailed  analysis  of  their  performance 
in  terms  of  their  throughput/delay  characteristics.  In  these  schemes,  the  access 
overhead  per  packet  in  a  round  is  independent  of  both  the  end-to-end  propagation 
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delay  and  the  number  of  stations  connected  to  the  network.  Due  to  this  feature, 
they  overcome  some  of  the  performance  limitations  of  random  access  schemes,  token 
rings  and  busses,  as  well  as  the  less  efficient  of  the  implicit  token  DAM  A  schemes 
discussed  in  chapter  2.  In  this  chapter,  we  describe  a  mathematical  model  for 
these  systems  followed  by  the  analysis  for  each  of  the  service  disciplines  that  can, 
be  achieved  by  Expressnet  and  Fasnet.  Thereafter,  we  discuss  numerical  results 
showing  the  performance  of  these  systems. 

In  chapter  4  we  present  and  evaluate  a  combined  voice/data  access  protocol  for 
Expressnet.  While  we  use  Expressnet  as  the  representative  scheme,  the  protocol  is 
suitable  for  any  network  where  stations  are  serviced  in  a  round  robin  fashion  and 
where  variable  size  packets  can  be  accommodated.  We  describe  the  characteristics  of 
voice  traffic  and  the  method  by  which  voice  and  data  are  integrated  on  Expressnet. 
We  present  an  analysis  of  the  system  which  allows  us  to  examine  the  performance 
achieved  by  voice  traffic  and  its  effect  on  the  bandwidth  available  to  data  stations. 
First  we  analyze  a  system  where  there  is  no  silence  suppression,  i.e.,  the  discarding 
of  speech  that  constitutes  silent  periods  in  the  speech  signal,  and  with  a  constant 
load  from  data  stations;  such  a  system  is  a  deterministic  one.  Then  we  analyze  a 
system  with  silence  suppression;  such  a  system  is  stochastic.  Thereafter,  we  present 
some  quantitative  numerical  results  for  the  performance. 


Chapter  2 

Classification  of  Implicit  Token  DAMA 
Schemes 

Each  of  the  DAMA  schemes  considered  in  this  work  provides  network  access 
via  a  distributed  conflict-free  round-robin  scheduling  function  without  the  use  of 
explicit  tokens.  As  stated  in  chapter  1,  these  schemes  can  be  grouped  into  three 
subsets  according  to  the  basic  mechanisms  used  in  accomplishing  the  objective; 
these  are  the  scheduling  delay  access  mechanism ,  the  reservation  access  mechanism, 
and  the  attempt- and- defer  access  mechanism.  In  this  chapter,  we  begin  with  some 
preliminaries  that  describe  the  various  network  topologies  and  various  service  dis¬ 
ciplines  that  can  be  achieved  by  these  DAMA  schemes.  Thereafter,  we  describe 
in  general  terms  the  three  basic  access  mechanisms  followed  by  a  discussion  of  the 
various  schemes  grouped  according  to  their  basic  access  mechanisms.  For  clarity 
we  avoid  a  chronological  presentation,  but  rather  the  schemes  are  described  in  an 
order  which  allows  a  logical  development  thereof  and  a  clear  understanding  of  their 
features. 
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Fig.  2.1  Topology  of  the  bidirectional  bus  system. 
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Fig.  2.2  Two  configurations  of  the  unidirectional  bus  system. 

2.1  The  Network  Configurations 

In  presenting  these  basic  mechanisms,  three  distinct  broadcast  bus  network 
configurations  can  be  identified.  The  first  is  the  bidirectional  bus  system  (BBS)  in 
which,  as  with  Ethernet,  the  signal  transmitted  by  a  station  propagates  in  both 
directions  to  reach  all  other  stations  on  the  bus.  (See  Fig.  2.1.)  The  second  is  the 
unidirectional  bus  system  (UBS)  in  which  the  transmitted  signal  propagates  in  only 
one  direction.  In  this  case,  broadcast  communications  can  be  achieved  in  various 
ways.  One  way  is  by  means  of  two  unidirectional  busses  with  signals  propagating 
in  opposite  directions  as  shown  in  Fig.  2.2(a),  so  as  to  provide  each  station  with 


13 


a  direct  path  to  every  other  station.  Another  way  is  to  fold  the  cable  onto  itself 
(or  to  use  a  separate  frequency  channel  in  the  case  of  broadband  signaling)  so  as 
to  create  two  channels,  an  outbound  channel  onto  which  the  users  transmit  packets 
and  an  inbound  channel  from  which  users  receive  packets,  and  such  that  all  signals 
transmitted  on  the  outbound  channel  are  repeated  on  the  inbound  channel.  (See 
Fig.  2.2(b).)  The  third  configuration  is  the  bidirectional  bus  with  control  (BBC) 
which  consists  of  a  bidirectional  bus  along  with  an  auxiliary  control  wire  used  to 
control  the  allocation  of  the  bus. 


2.2  The  Various  Service  Disciplines 

All  of  the  DAMA  schemes  provide  conflict  free  transmission  with  round  robin 
scheduling  functions.  A  round  is  defined  by  a  time  interval  during  which  each  sta¬ 
tion  on  the  network  is  given  the  chance  to  transmit  a  single  packet.  The  order  in 
which  stations  are  serviced  within  a  round  is  not  the  same  for  all  networks,  and 
depends  on  the  particular  access  protocol  as  well  as  the  instants  at  which  stations 
become  backlogged.  We  identify  three  variants  of  round  robin  service  which  are  de¬ 
scribed  below.  These  are  Non- Gated  Sequential  Service  (NGSS)'  Gated  Sequential 
Service  (GSS)  and  Head  Of  Line  Service  (HOLS)  [25].  These  three  service  disci¬ 
plines  are  extensively  analysed  for  their  throughput/delay  characteristics  in  the  next 
chapter.  In  this  chapter,  we  use  these  service  disciplines  as  yet  another  identifying 
characteristic  that  will  be  useful  in  highlighting  differences  in  the  various  access 
protocols. 

NGSS  is  a  “conventional”  round  robin  discipline  where  stations  are  serviced 
in  a  predetermined  order.  If  a  station  has  no  message  to  transmit  when  its  turn 
comes  up,  it  declines  to  transmit  and  then  must  wait  for  the  implicit  token  to  be 


14 


passed  among  all  the  other  stations  before  getting  another  turn.  GSS  also  achieves 
sequential  service  from  round  to  round  in  the  same  predescribed  order.  However, 
with  this  service  discipline,  only  those  stations  that  are  backlogged  at  the  beginning 
of  a  given  round  are  serviced  in  that  round.  For  an  access  scheme  to  achieve  GSS,  a 
station,  upon  becoming  backlogged,  must  wait  for  the  beginning  of  the  next  round 
before  attempting  to  access  the  channel.  In  HOLS,  stations  are  ordered  by  some 
means  such  as  by  their  index  numbers,  or  their  relative  locations  on  the  control 
wire  or  on  the  unidirectional  bus.  With  this  service  discipline,  the  next  station 
to  transmit,  after  a  given  transmission,  is  the  one  that  is  at  the  head  of  the  line, 
according  to  the  fixed  order,  and  is  backlogged  but  has  not  yet  transmitted  in  the 
current  round.  In  some  schemes,  the  sequence  in  which  stations  are  offered  service 
within  a  round  is  always  sequential  according  to  some  order,  however,  this  order 
is  reversed  from  round  to  round.  This  we  call  reversing  sequential  service.  When 
applied  to  NGSS  it  leads  to  Non-Gated  Reversing  Sequential  Service  (NGRSS)  and 
when  applied  to  GSS  leads  to  Gated  Reversing  Sequential  Service  (GRSS). 


2.3  The  Basic  Access  Mechanisms 

* 

We  now  describe  the  three  different  basic  access  mechanisms.  We  consider  that 
there  are  M  stations  in  the  network.  We  assume  the  stations  to  be  numbered  1 
through  M.  As  it  will  be  apparent  in  the  sequel,  for  some  schemes  this  numbering 
is  a  requirement  and  is  explicitly  made  use  of  in  the  algorithm,  while  for  other 
schemes  it  merely  serves  the  purpose  of  clarity  in  presentation.  We  shall  denote  by 
S{  the  station  with  index  i.  Furthermore,  a  station  which  has  a  message  to  transmit 
is  said  to  be  backlogged.  Otherwise,  it  is  said  to  be  idle. 
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2.3.1  The  Scheduling  Delay  Access  Mechanism 

This  class  is  suitable  for  the  BBS  configuration  where  the  only  means  for  co¬ 
ordinating  the  access  of  the  various  users  following  the  end  of  a  transmission  is 
by  staggering  the  potential  starting  times  of  these  users.  More  specifically,  each 
station  is  assigned  a  unique  index  number.  These  indices  form  a  logical  ring  which 
determines  the  order  in  which  stations  are  allowed  to  transmit.  Included  with  each 
transmission  is  a  field  for  the  index  number  of  the  sending  station.  Let  S,  be  the 
station  currently  transmitting.  Let  EOC(t)  denote  its  end-of-carrier.  Following  the 
detection  of  EOC(i),  station  Sj  assigns  itself  a  scheduling  delay  Hj(i ),  function  of 
both  i  and  ;,  according  to  which  it  schedules  its  potential  transmission.  Hj{i)  is 
sufficiently  long  such  that,  if  at  least  one  of  the  stations  with  indices  between  5,- 
and  Sj  is  backlogged,  then  that  backlogged  station  which  is  the  next  in  sequence 
following  Si  would  have  begun  to  transmit  its  packet  and  would  have  been  detected 
by  Sj  before  the  scheduled  transmission  time  of  Sj,  thus  resulting  in  a  round-robin 
scheduling.  The  network  schemes  considered  in  this  work  that  use  this  access  mech¬ 
anism  are  BRAM  [26j,  MSAP  [27],  (28),  SOSAM  [29],  [30],  BID  [31],  Silentnet  [32], 
and  L-Expressnet  [33]. 

2.3.2  The  Reservation  Access  Mechanism 

This  class  is  mainly  suitable  for  the  BBC  configuration  in  which  the  stations  use 
the  control  wire  to  place  reservations  and  to  reach  a  consensus  on  the  next  station 
to  transmit,  prior  to  the  transmission  on  the  bus.  The  next  station  to  transmit  is 
determined  according  to  some  measure,  such  as  the  relative  positions  of  the  stations 
on  the  network,  or  their  addresses.  Examples  of  such  schemes  are  DSMA  [34],  [35], 
and  the  control  wire  system  [36],  [37].  The  reservation  access  mechanism  can  also 
be  implemented  on  a  UBS  configuration.  For  robustness  purposes,  reservations 
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consist  of  unmodulated  bursts  of  carrier.  These  are  transmitted  on  the  same  bus 
interleaved  with  packet  transmissions.  Consensus  here  can  be  reached  due  to  the 
ordering  of  the  stations,  implied  by  the  unidirectionality  in  transmission  and  the 
stations’  positions  on  the  bus.  An  example  of  this  is  UBS-RR  [39],  [40]. 


2.3.3  The  Attempt-and-Defer  Access  Mechanism 

This  mechanism  can  only  be  implemented  on  UBS  configurations  where  there 
is  an  implicit  ordering  of  the  stations.  Using  this  access  mechanism,  a  station 
wishing  to  transmit  waits  until  the  channel  is  idle.  It  then  begins  to  transmit  thus 
establishing  its  desire  to  acquire  the  channel.  However,  if  another  transmission 
from  upstream  is  detected,  then  this  station  aborts  its  transmission  and  defers  to 
the  one  from  upstream.  The  upstream  transmission  is  therefore  allowed  to  continue 
conflict-free.  In  slotted  systems,  a  station  wishing  to  transmit  waits  for  the  next 
slot  to  arrive,  and  subsequently  asserts  is  desire  to  transmit  in  that  slot  by  marking 
the  slot  full.  However,  if  the  station  finds  that  the  slot  has  already  been  marked 
full,  it  defers  and  waits  for  the  next  slot.  Examples  of  network  schemes  that  use  the 
attempt-and-defer  access  mechanism  are  Expressnet  [10],  [11],  D-Net  [41],  Fasnet 
[12],  [13],  U-Net  [42],  Token-Less  Protocols  [43],  MAP  [44],  CSMA-DCR  [45],  and 
Buzznet  [46]. 


2*4  Definitions  and  Model 

For  all  schemes,  we  consider  that  the  bandwidth  W  is  the  same,  and  that  all 
packets  contain  a  fixed  number  of  bits,  B,  giving  a  constant  packet  transmission 
time  equal  to  T  =  B/W.  In  asynchronous  schemes  the  transmission  of  each  packet 
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is  preceded  by  the  transmission  of  a  preamble  needed  for  receiver  synchronization. 
The  transmission  time  of  such  a  preamble  is  denoted  by  fl.  We  consider  that  it  takes 
a  nonzero  amount  of  time  A  for  a  station  to  detect  the  presence  or  absence  of  carrier 
on  the  bus.  We  also  consider  that,  for  the  scheduling  delay  access  schemes,  it  takes 
a  nonzero  amount  of  time  $  for  a  station  to  decode  the  index  of  the  last  station 
to  have  transmitted  and  to  compute  the  scheduling  delay.  Due  to  the  different 
amount  of  computation  involved,  it  is  possible  that  $  takes  on  different  values  for 
different  schemes.  While  r  denotes  the  maximum  bus  end-to-end  propagation  time, 
we  let  Ti  j  denote  the  signal  propagation  time  between  S,  and  Sj.  Normalizing 
time  to  T,  we  let  a  =  r/T,  6  =  A/T,  w  =  fl/T,  and  <f>  =  $/T.  In  all  schemes, 
there  is  an  overhead  incurred  in  the  transfer  of  access  right  from  one  station  to 
the  next  backlogged  station  in  sequence.  The  amount  of  overhead  associated  with 
each  scheme  has  a  primary  effect  on  the  performance  of  that  scheme.  To  keep 
the  performance  evaluation  simple  and  yet  be  in  a  position  to  adequately  compare 
the  various  schemes,  we  consider  the  situation  in  which  a  subset  of  stations  of  size 
N,  N  <  My  is  continuously  backlogged,  whereas  the  remaining  M—N  users  are  idle. 
The  case  N  =  M  is  referred  to  as  the  heavy  traffic  condition.  The  performance  of  a 
scheme  is  given  in  terms  of  the  channel  utilization  C(M,  N )  representing  the  fraction 
of  time  spent  in  packet  transmission  (as  opposed  to  synchronization  and  protocol 
overhead),  and  in  terms  of  the  packet  delay  D[M,  N )  for  the  head  of  the  queue  at 
each  station,  (that  is,  the  time  separating  two  consecutive  packet  transmissions  from 
the  same  station).  From  these  results  one  could  also  derive  the  network  capacity  as 
well  as  a  bound  on  delay,  by  considering  the  heavy'  traffic  condition. 

In  the  following  sections  we  present  the  various  schemes  grouped  according  to 
their  basic  access  mechanisms.  We  discuss  their  similarities  and  differences,  and 
examine  their  performance. 
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2.5  Schemes  Using  the  Scheduling-Delay  Access 
Mechanism 

In  this  section  we  describe  those  schemes  that  use  the  scheduling  delay  technique 
as  their  basic  access  mechanism.  They  differ  according  to  (i)  the  way  the  delay 
function  Hj[i)  is  computed,  (ii)  the  extent  to  which  the  scheme  is  distributed, 
that  is,  the  extent  to  which  it  makes  use  of  particular  stations  to  perform  specific 
functions,  (iii)  the  need  for  (or  lack  thereof)  a  correspondence  between  the  indexing 
of  the  stations  and  their  relative  positioning  on  the  bus,  and  (iv)  the  performance 
achieved. 

2.5.1  BRAM  (Chlamt*c,  Franta,  Levin,  1979)  [28] 

•  Stations  are  ;  jd  \ed  arbitrarily,  independent  of  their  positions  on  the  cable. 
Furthermore  stations  are  assumed  to  have  no  knowledge  of  their  respective  positions, 
nor  of  the  distances  that  separate  them.  As  indicated  in  section  2.3,  the  delay 
Hj(i)  should  be  sufficiently  long  such  that,  if  any  station  with  index  k,  i  <  k  < 
;,  happened  to  transmit,  then  station  j  would  be  in  a  position  to  detect  that 
transmission  prior  to  its  scheduled  time.  For  BRAM,  Hj{i)  is  given  by 

Hj{i)  =  (2 r  +  A)[(;  - 1  +  M  -  1)  mod  Af].  (2.1) 

We  now  show  the  correctness  of  (2.1).  To  illustrate  how  events  occur  on  the 
network,  we  consider  time-space  diagrams  in  which  the  vertical  axis  represents  dis¬ 
tance  along  the  network,  and  the  horizontal  axis  represents  time  increasing  from 
left  to  right.  (See  Fig.  2.3.)  The  dots  represent  the  origin  of  an  event,  such  as 
the  beginning  of  carrier  (BOC)  or  end  of  carrier  (EOC)  for  a  transmission.  The 
diagonal  lines  emanating  from  each  dot  represent  the  time-space  locus  of  that  event. 
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Fig.  2.3  Time-space  diagram  showing  the  recursive  nature  of  the  computation  of 
Hjii)  in  BRAM. 


Consider  a  transmission  from  S,-.  Clearly,  5,+1,  being  the  next  in  turn,*  may  trans¬ 
mit  immediately  when  it  detects  EOC(i);  hence  =  0.  In  the  general  case 

m  can  be  computed  recursively  in  terms  of  and  the  end-to-end  prop¬ 

agation  delay  r.  Suppose  that  EOC(t)  is  generated  by  S,  at  time  As  can  be 
seen  from  the  time-space  diagram  in  Fig.  2.3,  Sy_i  will  have  detected  EOC(t)  and 
evaluated  Hj-i  (»)  at  time  f,  +  r.j-x  -f  A  +  $.  Were  Sj-i  to  transmit,  it  would  do  so 
after  a  scheduling  delay  and  BOC{;  -  1)  would  be  detected  by  5y  at  time 

(*«  +  Ti,j  +  A  4-  $)  +  -+-  (Ty_x,y  - f  A).  To  guarantee  collision  free  transmissions, 

Sj  must  schedule  its  transmission  for  a  time  later  than  this  time.  Since  Sj  detects 
the  synchronizing  event  EOC(i)  at  time  £,  4-  r,-ty  +  A  and  takes  $s  to  compute  Hj( t), 
we  require  that 

Hj{\)  >  +  Ti,j- 1  +  ~  Ti,j  +  ^  •  (2-2) 

Without  the  knowledge  of  exact  propagation  times  between  consecutively  indexed 


‘More  precisely,  the  next  station  in  turn  is  S(,mo<i,\f)+i-  However,  this  notation  is  cumbersome.  So 
for  the  purpose  of  the  discussion  we  will  ignore  the  modulo  nature  of  the  index  numbers. 
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stations,  Hj[i)  is  computed  by  using  i&e  maximum  value  possible,  that  is,  the  bus 
end-to-end  propagation  delay  r.  Under  this  condition,  the  inequality  above  becomes 

0  =  hj-i  (i)  +  (2r  +  A)  and  the  scheme  will  accommodate  all  possible  layouts. 
This  recursive  expression  is  easily  expanded  to  give  the  scheduling  delay  function 
for  BRAM  as  in  (2.1).  Note  that  the  detection  time  A  must  be  accounted  for  in 
the  computation  of  The  processing  time  $,  however,  which  is  incurred  by 

all  stations  following  the  detection  of  EOC,  does  not  affect  Hj(i)  and  thus  need  not 
be  accounted  for  in  its  computation. 

As  stations  are  given  their  turn  according  to  the  sequence  determined  by  their 
indices,  the  service  discipline  is  NGSS.  Given  that  a  subset  of  N  out  of  M  stations 
is  continuously  backlogged,  a  round  can  be  defined  as  the  time  3ince  the  start 
of  transmission  of  some  station  in  the  backlogged  subset  until  the  next  start  of 
transmission  by  that  same  station.  The  round  length  is  equal  to  the  cumulative 
packet  transmission  times  of  all  stations  in  the  round,  N[T+Q),  plus  the  cumulative 
channel  overhead  incured  in  the  round.  Denoting  the  latter  by  Y (Af,  N),  the  channel 
utilization  is  then  given  by 


C{M,N ) 


NT 

N(T  +  Q)  +  Y(M,N)' 


(2.3) 


The  packet  delay,  as  defined  in  section  4,  is  simply  the  total  length  of  the  round, 


D(M,  N )  =  N{T  +  0)  +  Y{M,  N ).  (2.4) 


While  Hj{i)  is,  by  design,  independent  of  the  relative  physical  locations  of  the 
stations,  the  exact  timing  of  the  transmissions  on  the  channel  and  the  associated 
overheads  are  not.  This  is  the  case  because  the  time  until  the  next  transmission 
following  an  EOC  is  based  on  the  time  at  which  that  EOC  is  detected  by  the 
next  backlogged  station  in  sequence.  To  compute  the  overhead  associated  with 
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M(T  +  0)+Y(M,M) 


Time 


Fig.  2.4  Time-space  diagram  showing  the  activity  on  the  channel  for  a  typical  six 
station  BRAM  network  under  heavy  traffic  conditions. 


this  scheme,  which  in  turn  allows  us  to  evaluate  the  performance,  we  consider  in 
Fig.  2.4  a  time-space  diagram  for  a  network  with  six  stations  operating  under  the 
heavy  traffic  assumption.  Thus,  we  see  a  round  beginning  with  the  transmission 
of  Si  and  ending  with  the  next  transmission  of  Si.  The  overhead  between  two 
consecutive  transmissions  is  the  time  taken  for  the  EOC  from  one  transmitter  to 
propagate  on  the  channel  to  the  tap  of  the  following  transmitter  plus  A  +  $.*  The 
total  overhead  in  a  round  is  the  sum  of  the  propagation  delays  between  consecutively 
indexed  stations  plus  M(A  +  $).  Thus 

M- 1 

Y(M,  M)  =  £  r,„+l  +  tma  +  M( A  4-  $)  (2.5) 

«=i 


The  round  overhead  is  maximized,  and  hence  the  network  capacity  is  minimized, 
when  =  r,  Vi.  This  situation  arises  in  the  case  where  all  even  numbered 

stations  are  collocated  on  one  side  of  the  network  and  all  odd  numbered  stations 
on  the  other.  Under  these  conditions  Y  =  M(t  - f  A  +  $)  and 


C{M,  M)  = 


_ 1 _ 

l+w+5+^+a * 


(2.6) 


*The  value  of  $  may  be  zero  if  it  is  possible  for  a  station  to  decode  the  index  of  an  on-going 
transmission  and  compute  the  resulting  scheduling  delay  during  the  time  of  that  transmission. 
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M(T+Q)+Y(M.M) 


Fig.  2.5  Time-space  diagram  showing  activity  on  the  channel  for  BRAM  when  the 
stations’  logical  order  is  the  same  as  their  physical  order  on  the  channel. 


Clearly,  the  minimum  overhead  is  incurred  for  a  layout  in  which  all  stations 
are  collocated,  since  then,  in  the  limit,  r,,+  l  =  0,  Vi.  In  this  case  Y (Af,  Af)  = 
Af( A  +  $)  and  C(M,M )  =  1/(1+  u  +  S  +  <f>).  If,  on  the  other  hand,  we  insist 
that  the  layout  be  such  that  the  farthest  two  stations  are  ts  apart,  then  Y(M,M) 
is  minimized  when  the  stations  are  ordered  in  such  a  way  so  that  their  logical 
order  is  the  same  as  their  physical  order  on  the  bus.  (See  Fig.  2.5.)  In  this  case 
y(M,  Af)  =  2r  +  Af( A  +  $)  resulting  in  a  throughput  given  by 


C(Af,Af)  = 


_ 1 _ 

l+w  +  5  +  <£  +  2  a/Af 


(2.7) 


which  is  almost  independent  of  a  if  Af  is  sufficiently  large. 

In  Fig.  2.6,  we  plot  the  capacity  C(Af,  Af)  versus  a  for  BRAM.  In  this  and 
subsequent  performance  figures  we  assume  that  u  =  6  =  <f>  =  0.  The  dashed  curve 
shows  C(Af,  Af)  as  specified  by  (2.6)  versus  a.  This  corresponds  to  the  worst  case 
layout  for  which  the  capacity  is  independent  of  Af.  The  solid  lines  show  C( Af,  Af), 
as  specified  by  (2.7),  versus  a.  This  corresponds  to  the  best  case  layout  given  that 
the  farthest  two  stations  are  rs  apart.  In  this  case,  the  capacity  is  not  insensitive 
to  Af  and  increases  with  increasing  Af .  Thus,  for  large  a,  a  high  utilization  can  be 
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Maximum  Channel  Capacity 


a 


Fig.  2.6  Network  capacity  versus  a  for  BRAM  under  the  heavy  traffic  condition, 
and  for  CSMA/CD  with  infinite  population. 
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achieved  if  M  is  sufficiently  large.  In  the  worst  case  when  M  =  2,*  the  capacity 
for  this  layout  coincides  with  the  capacity  for  the  worst  case  layout.  The  dotted 
curve  corresponds  to  the  capacity  of  CSMA/CD*.  Clearly,  the  capacity  of  BRAM 
is  superior  to  CSMA/CD  for  all  values  of  a,  even  with  the  worst  case  layout. 

The  question  now  is  how  the  overhead  is  affected  when  some  stations  do  not 
transmit.  Consider  three  stations  numbered  consecutively  i,  i  4  1  and  i  4  2.  If,  in 
a  given  round,  all  three  of  these  stations  transmit  when  their  turns  come  up,  the 
overhead  between  these  transmissions  is  r,-  ,+1  4  r,+i  ,+2  +  2(A  4  $).  Suppose  now 
5,+i  does  not  transmit.  5f+ 2  will  transmit  2r  4  2A  4-  $s  after  EOC(t)  reaches  it. 
In  this  case  the  overhead  is  2r  4-  r,-lt+2  4  2 A  4  $.  These  two  cases  are  shown  in 
Fig.  2.7.  The  effect  of  the  missing  transmission  is  to  cause  a  virtual  time-space  locus 
for  EOC(i)  which  is  delayed  in  time  by  2t  +  A  from  the  actual  one.  The  interesting 
point  is  that,  by  missing  a  turn,  $,+i  has  not  only  reduced  the  total  number-  of 
transmissions  in  a  round  but  in  addition  has  caused  an  increase  in  the  overhead 
in  this  round.  More  generally,  consider  the  case  where  N  out  of  M  stations  are 
continuously  backlogged  with  packets  to  be  transmitted.  We  note  that  Y (M,  N ) 
depends  on  the  stations’  layout  and  the  particular  choice  of  the  subset  of  backlogged 
stations.  The  maximum  possible  value  is 


Y{M,  N)  =  Nr  +  (Af  -  N)[2t  4  A)  +  AT(A  4  $)  (2.8) 


giving  the  minimum  value  for  capacity  of 


C(M,  N)  = 


_ 1 _ 

l+w  +  5  +  ^  +  o+  (2a  +  5) 


(2.9) 


*In  BRAM,  the  case  M  =  1  b  not  the  worst  case  since  in  this  case  the  single  station  can  transmit 
packets  back  to  back,  and  assuming  that  w  =  6  =  0  =  0,  can  achieve  a  capacity  of  1. 

|The  CSMA/CD  scheme  considered  here  is  the  slotted  p-persistent  CSMA/CD  with  infinite  popu¬ 
lation  as  analysed  in  [9]  and  [llj. 
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-H  |e— T+n 


(a) 


(b) 


Fig.  2.7  The  effect  on  the  overhead  of  a  station  missing  its  turn  to  transmit  in 
BRAM.  In  (a)  all  three  stations  Si  i  S,  +  i  and  S 1+2  transmit.  In  [bj  S and 
Si+2  transmit  while  S,+i  misses  its  turn. 
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The  minimum  value  of  the  overhead  is 


Assuming  that  u/  =  6  =  <f>  =  0,  we  show  in  Fig.  2.8  the  capacity  versus  a  for  the 
best  case  and  worst  case  layouts  and  various  values  of  the  ratio  N/M.  As  predicted 
by  Fig.  2.6,  a  high  capacity  is  achieved  for  N/M  close  to  1  and  the  best  case  of 
layout.  However,  for  small  values  of  the  ratio  N/M ,  the  performance  degrades 
significantly  and  the  capacity  achieved  by  BRAM,  even  for  the  best  case  layout  is 
worse  than  that  of  CSMA/CD. 

Comments:  (i)  BRAM  accommodates  all  layouts  without  requiring  knowledge  by 
each  station  of  the  layout,  paying  a  price  in  performance.  The  algorithm  is  entirely 
distributed.  However,  the  original  description  of  it  in  [26]  fails  to  address  impor¬ 
tant  issues  pertaining  to  the  loss  of  the  synchronizing  event  EOC  which  would  occur 
were  all  stations  to  become  temporarily  idle,  nor  does  it  describe  how  the  algorithm 
gets  started.  The  robustness  of  the  scheme  is  furthermore  dependent  on  the  ability 
to  properly  and  accurately  decode  the  index  of  each  transmitting  station  by  all 
stations  in  the  network.  Other  schemes  discussed  in  this  section  address  these  is¬ 
sues  (and  their  solutions  certainly  can  be  applied  to  BRAM),  and  provide  improved 
performance.  Nevertheless,  BRAM  and  its  cousins,  MSAP  and  MSRR*  (Kleinrock, 

*In  [27]  and  [28],  Kleinrock  and  Scholl  present  several  access  schemes  for  radio  channels  which  are 
in  essence  variations  of  the  scheduling  delay  access  mechanism  proposed  for  BRAM.  One  of  these, 
MSRR,  is  identical  to  BRAM.  Others  apply  different  service  disciplines.  For  example,  MSAP  allows 
a  station,  having  gained  access  to  the  channel,  to  transmit  until  its  buffer  is  empty.  Yet  another 
variation  is  proposed  for  slotted  systems.  In  this  variation,  a  slot  is  subdivided  into  A/  minislots, 
each  of  duration  r,  f-  llowed  by  a  fixed  length  data  field  for  the  packet  transmission.  If,  for  a  given 
slot,  a  stations  scheduling  delay  expires  and  the  channel  is  idle,  this  station  transmits  unmodulated 
carrier  in  the  remaining  minislots,  and  then  transmits  its  packet  in  the  data  field  of  the  slot. 
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Scholl,  1977)  [27],  [28]  which  bear  great  resemblance  to  BRAM,  are  among  the  first 
conflict-free  algorithms  for  distributed  broadcast  networks. 

(ii)  In  the  description  of  BRAM  in  [26]  the  detection  time  A  and  processing  time 
$  are  ignored.  This  in  effect  is  equivalent  to  assuming  that  they  are  zero.  How¬ 
ever,  in  deriving  the  expression  for  the  scheduling  delay  function,  we  proved  that, 
to  accommodate  all  possible  layouts,  the  detection  time  A  must  be  included  in 
the  computation.  If  A  is  neglected,  a  value  of  r  which  is  larger  than  the  actual 
value  by  at  least  A/2  must  be  used.  In  addition,  in  the  original  descriptions  of 
BRAM  and  MSAP  [26],  [27],  [28],  the  stations’  scheduling  delays  are  staggered  by 
r  instead  of  2r  +  A.  Such  a  scheduling  delay  would  work  only  in  a  network  where 
ry.y  =  r  Vt,  j,  i  ^  j.  Obviously,  such  a  restriction  is  not  desirable  for  a  local  area 
network.  In  our  opinion,  the  scheduling  delay  function  given  in  (2.1)  is  correct  and 
complete. 

(iii)  In  the  discussion  above  we  considered  only  the  case  where  each  station  transmits 
a  single  packet.  However,  one  could  allow  a  station  to  transmit  multiple  packets 

.  when  its  turn  comes  up.  Ultimately,  one  could  envision  allowing  a  station  to  empty 
its  buffer  when  its  turn  comes  up.  Such  a  service  discipline  is  referred  to  as  priori¬ 
tized  BRAM  in  [26]  and  alternating  priorities  in  [27].  In  such  a  case,  a  change  must 
be  made  to  the  scheduling  delay  function  Hy(i)  to  reflect  this  new  service  order. 
Suppose  that  5,  is  currently  transmitting.  In  order  that  5,-  has  highest  priority  for 
accessing  the  channel  at  the  end  of  its  own  transmission,  it  is  required  that  £T,(») 
be  the  shortest  scheduling  delay.  Let  £T,(t)  =  0.  Assuming  some  gap  g  between 
consecutive  transmissions  by  5,,  (which  accounts  for  processing  time  to  evaluate 
Hi(i),  time  to  turn  off  and  on  its  transmitter,  load  buffers  etc.),  the  next  station 
in  sequence,  S'.+i,  will  have  detected  the  next  transmission  by  5,-  a  time  g  +  A 
after  EOC(t)  reaches  it.^  Since  it  takes  5l+i  a  time  A  +  $  to  detect  EOC(t)  and 

fWe  assume  that  g  >  A.  If  this  is  not  the  case,  then  the  gap  between  consecutive  packets  from  S* 
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evaluate  fT,+i(t),  its  scheduling  delay  must  be  at  least  g  —  $  to  guarantee  conflict 
free  transmissions.  For  any  station  Sy,  where  jt  t  or  *  + 1,  J3y(t)  can  be  computed 
using  the  same  recursive  argument  given  above.  In  this  case,  however,  the  initial 
condition  on  the  recursion  is  £T,+i(i)  =  g  —  $  instead  of  =  0. 


2.6.2  SOSAM  (Gold,  Franta,  1982)  [29],  [30] 


This  scheme,  called  the  source  synchronized  access  method  (SOSAM),  is  similar 
to  BRAM  in  that  it  provides  the  NGSS  discipline,  requires  no  correspondence  be¬ 
tween  the  stations’  indices  and  their  locations,  and  achieves  the  same  performance 
when  all  stations  are  backlogged.  It  provides,  however,  improved  performance  when 
stations  miss  their  turns.  To  accomplish  that,  all  stations  must  have  explicit  knowl¬ 
edge  of  the  propagation  delay  between  every  pair  of  stations.  Given  this  knowledge, 
Sj  can  determine  the  minimum  time  required,  after  detecting  EOC(t),  to  detect  a 
potential  transmission  from  Sy_i  and  set  Hj[i)  to  this  amount  of  time.  This  min¬ 
imum  time  is  given  by  (2.2).  In  particular,  £T,+i(t)  =  0.  In  the  general  case  for 
j  ft  i  +  1,  Hj[i)  is  defined  recursively  by 


Hj- 1(»)  +  T* , y —  i  +  Tj-u  -  r,,y  +  A  jft  1 
#21/(0  +  Ti}M  +  TMJ  -  T.',y  +  A  j  =  1. 


(2.12) 


As  with  BRAM,  the  overhead  in  a  round  for  SOSAM,  Y(M>N),  varies  depending 
on  the  relative  locations  of  the  stations  on  the  bus  and  their  logical  ordering,  and 
this  can  take  on  a  range  of  values  depending  on  the  topology.  However,  for  a  given 
configuration,  this  overhead  is  constant  regardless  of  how  many  or  which  stations 
transm’t  in  the  round,  and  is  computed  as  in  (2.5).  Given  the  network 

capacity  C(M,N)  and  delay  D(M,N)  can  then  be  easily  derived.  (See  (2.3)  and 
would  uot  be  detectable,  aud  these  packets  would  appear  to  constitute  a  single  transmission. 
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(2.4).)  If  we  assume  that  u  =  6  =  <f>  =  0,  C(MtN)  for  SOSAM  is  identical  to 
C(N ,  N )  for  BRAM.  Thus  the  curves  shown  for  BRAM  in  Fig.  2.6  are  representative 
of  the  capacity  of  SOSAM. 

Comments:  (i)  To  gain  this  improvement  in  performance  over  BRAM,  in  SOSAM 
each  station  S*  must  store  in  its  network  interface  either  all  the  inter-station  prop¬ 
agation  delays  rt)y  or  precomputed  values  of  its  scheduling  delay  Ek(i),  V*.  Either 
option  requires  substantial  memory  if  the  network  is  large  (say  1000  stations).  Also 
this  memory  would  have  to  be  updated  at  every  station  every  time  one  is  moved, 
added  to,  or  removed  from  the  network.  This  makes  the  task  of  maintaining  such 
a  network  a  difficult  one. 

(ii)  It  was  indicated  in  BRAM  that  the  synchronizing  event  EOC  is  lost  and  the 
network  stalls  if  all  stations  are  idle  at  the  time  that  their  respective  scheduling 
delays  expire.  SOSAM  proposes  a  mechanism  to  prevent  this.  If  a  station  is  idle 
when  its  scheduling  delay  expires,  that  station  resets  the  latter  to  some  prede¬ 
termined  constant  which  is  larger  than  any  scheduling  delay,  thereby  maintaining 
the  staggering  of  the  potential  transmission  times.  Clearly,  the  smallest  constant 
that  can  be  used  is  max{Zfy(t)}  +  A  =  /f,(»)  4-  A.  Furthermore,  it  can  be  shown 
that  H{(i)  =  Y(M,M )  and  hence  is  independent  of  t.  While  this  ensures  that  the 
network  will  operate  under  zero  load,  the  robustness  of  the  scheme  nevertheless 
depends  on  the  ability  to  correctly  decode  the  index  of  each  transmitting  station. 

2.5.3  BID  (Ulug,  White,  Adams,  1981)  [31] 

We  indicated  that  in  SOSAM,  just  as  in  BRAM,  the  overhead  is  minimized  and 
the  network  capacity  maximized  by  numbering  the  stations  such  that  their  logical 
order  is  the  same  as  their  physical  order  on  the  bus.  In  this  case  T»,/-i  +  =  r.y, 

and  the  scheduling  delay  function  given  for  SOSAM  becomes 

Hj{i)  =  +  A  =  (;'-»  -  1)A  ;  >  i  (2.13) 
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which  is  independent  of  the  propagation  delays  between  stations.  In  fact,  this  is  in 
essence  what  the  scheduling  delay  in  BID,  a  predecessor  of  SOSAM,  is.  The  stations 
are  numbered  1  through  M  as  shown  in  Fig.  2.1,  and  the  scheduling  function  is 
essentially  that  given  in  (2.13).  We  now  describe  those  features  specific  to  BID. 
The  end  stations  (Si  and  Sm )  perform  a  special  function  called  the  start- of -round. 
A  round  or  cycle  is  the  time  between  two  consecutive  start-of-rounds.  Within  a 
round,  stations  transmit  in  sequential  order;  however,  this  order  varies  from  round 
to  round.  In  a  left-to-right  round,  backlogged  stations  transmit  in  turn  starting 
with  Si  and  ending  with  Sm-  In  a  right-to-left  round ,  backlogged  stations  transmit 
in  turn  starting  with  Sm  and  ending  with  Si.  Each  station  can  determine  the 
“direction”  of  the  current  service  order  by  an  indicator  which  is  transmitted  along 
with  the  index  number  in  each  packet.  Suppose  that  round  r  is  a  left-to-right  round. 
Round  r  ends  with  the  end  of  Sm 's  transmission  if  Sm  is  backlogged  in  this  round, 
or,  if  Sm  is  idle,  at  the  time  that  Sm  would  have  transmitted  were  it  backlogged.  At 
this  time  Sm  initiates  round  r  +  1  by  transmitting  a  packet  which  has  the  direction 
indicator  set  to  “right-to-left.”  If  Sm  is  backlogged,  this  packet  would  be  a  data 
packet;  if  Sm  is  idle,  this  packet  would  be  an  explicit  token  or  start-of-round  packet. 
By  symmetry,  round  r  +  2  is  initiated  by  5 1  at  the  end  of  round  r  +  1.  From  the 
direction  indicator  and  the  index  number  of  the  transmitting  station,  each  station 
can  compute  the  scheduling  delay  as 

left-to-right  round  and  j  >  i 
right-to-left  round  and  j  <  i  (2-14) 

otherwise. 

Obviously,  the  service  discipline  is  NGRSS. 

In  Fig.  2.9  we  show  a  time-space  diagram  of  the  activity  on  the  channel  in  BID. 
Due  to  the  nature  of  the  order  of  transmissions  within  a  round,  and  by  reversing 


(y-t-i)A 
Hj  (i)  =  (i  -  j  -  1)A 
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Time 


Fig.  2.9  Time-space  diagram  for  BID  showing  the  activity  on  the  channel  under 
heavy  traffic  conditions. 


this  order  from  round  to  round,  the  overhead  is  clearly  minimized.  Ignoring  the 
overhead  due  to  a  potential  start-of- round  packet  from  either  Si  or  Sm,  the  overhead 
over  one  round  in  BID  is  t  +  M A  +  N$  giving  a  network  capacity  of 


C(M,  N)  = 


_ I 

1  +  u  +  <f>  +  jfti  +  a/N 


(2.15) 


We  have  assumed  here  that  there  is  a  gap  of  $  +  A  between  the  two  consecutive 
transmissions  of  an  end  station.  The  $  accounts  for  the  time  taken  for  the  end 
station  to  determine  that  it  should  transmit  again,  and  the  A  is  the  delay  required 
so  that  other  stations  can  distinguish  the  two  transmissions.  It  is  possible  that 
the  processing  be  completed  during  the  transmission  time  of  the  first  of  the  two 
transmissions.  In  this  case  the  overhead  over  the  two  rounds  will  be  reduced  by  2$. 


The  capacity  versus  a  for  BID  is  plotted  in  Fig.  2.10.  As  with  SOSAM,  C(M,  N) 
does  not  depend  on  M,  but  only  on  N,  the  number  of  backlogged  stations.  In  the 
worst  case  ( N  =  1),  the  capacity  of  BID  coincides  with  the  capacity  C(M,M)  of 
BRAM  corresponding  to  the  worst  case  layout.  (Refer  to  Fig.  2.6.) 


The  delay  D(M,N),  as  defined  in  section  2.4,  is  the  delay  incurred  by  a  packet 
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Maximum  Channel  Capacity 


Fig.  2.10  Network  capacity  versus  o  for  BID. 
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while  at  the  head  of  the  queue  at  its  station  plus  the  transmission  time  of  that  ^ 
packet.  Since  in  BID  the  order  of  service  is  reversed  from  round  to  round,  D(Af,  N) 
varies  with  each  station  and  with  the  direction  of  the  sweep.  Bounds  on  D(M,  N) 
are  given  by  the  delay  incurred  at  an  end  station  where,  normalized  to  T,  D(M,  N ) 
alternates  between  a  low  value  of 

■DjninCAff,  N )  =  1+  ili  +  5  +  $  (2.16) 


and  a  high  value  of 


Dmax(M,  N )  =  2 JV(1  +  u  +  <f>)  +  2Af5  +  2o  .  (2.17) 

For  any  other  station,  D(M,  N )  lies  between  these  two  values. 

Comments:  (i)  Since  the  logical  ordering  of  stations  is  the  same  as  their  physical 
order,  BID  is  able  to  achieve  a  performance  which  is  almost  independent  of  r  if  N 
is  sufficiently  large.  However,  this  restriction  on  the  ordering  of  stations  makes  it 
difficult  to  add  stations  to  the  network  or  move  existing  ones. 

(ii)  BID  is  partially  centralized  in  that  end  stations  are  required  to  initiate  new 
rounds.  As  a  result,  the  network  is  robust  in  the  sense  that  synchronizing  events 
are  periodically  generated  even  when  all  stations  are  idle,  and  in  the  sense  that 
one  end  station  can  initiate  a  new  round  if  the  index  number  or  direction  indicator 
of  a  transmission  cannot  be  decoded.  In  the  event  of  an  end  station  failure  the 
adjacent  station  can  assume  the  functions  of  the  end  station.  More  generally,  if,  in 
a  left-to-right  round,  stations  M,  Af- 1, . . . ,  k+l  all  fail  simultaneously,  then  5*  will 
perform  the  functions  of  the  end  station  on  the  right.  5*  will  determine  that  stations 
Af,  Af  —  1, . . . ,  k  +  1  have  failed  if  it  does  not  detect  any  activity  on  the  network  for 
a  sufficiently  long  time  after  it  has  had  its  turn  in  this  round.  This  time-out  period 
is  determined  as  follows.  (See  Fig.  2.11.)  Consider  the  time  reference  at  5*  to  be 
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Fig.  2.11  Time-space  diagram  for  BID  showing  the  components  of  the  time-out 
period  used  by  5*  to  determine  that  stations  5y,  j  >  k,  have  all  failed. 

the  end  of  its  transmission  (or,  if  5*  is  idle,  the  time  that  it  would  have  transmitted 
were  it  backlogged).  S*  will  expect  to  have  detected  a  start-of-round  packet  from 
Sm  after  an  interval  of  2 Tk,M  +  {M  -  k)  A  +  A.  Allowing  another  ( M  -  k  -  1)  A  for 
each  of  the  stations  M  — 1,  M  —  2, . . . ,  k  +  \  to  possibly  start  the  new  round,  5*  must 
detect  no  activity  for  2tiCim+2(M— fc)A  to  determine  that  stations  M, . . . ,  k+1  have 
failed.  By  symmetry  one  can  determine  the  appropriate  time-out  to  determine  that 
the  stations  on  the  left  have  all  failed.  To  simplify  the  installation  of  the  network, 
the  quantity  2(Af  —  fc)0  can  be  substituted  for  2r^jv/  where  ©  is  a  constant  greater 
than  the  maximum  propagation  delay  between  adjacent  stations.  In  the  description 
of  BID  in  [31]  the  latter  approach  has  been  adopted.  However,  in  [31],  A  has  been 
ignored  and  so,  in  order  for  the  preceding  algorithm  to  be  correct,  0  must  have 
implicitly  included  A.  Except  for  this  recovery  algorithm,  no  knowledge  of  r  or  r.-j 
is  required  in  BID. 

(iii)  By  having  the  end  stations  alternately  initiate  the  rounds,  the  order  in  which 
stations  are  served  within  a  round  is  reversed  from  round  to  round.  While  this 
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improves  the  network  capacity,  it  means  that  the  upper  bound  on  D(M,  N)  is  given 
by  the  length  of  two  rounds  as  opposed  to  the  length  of  one  as  in  BRAM  and 
SOSAM  where  the  service  order  is  the  same  from  round  to  round.  However,  the 
average  value  is  the  length  of  one  round  and  is  less  than  that  of  BRAM  and  SOSAM 
due  to  the  reduction  in  the  overhead. 

2.5.4  Silentnet  (Jensen,  Tokoro,  Sha,  1980)  [32] 

Silentnet  is  similar  to  BID  in  that  the  stations’  logical  ordering  is  the  same  as 
their  physical  order  on  the  bus,  and  thus  can  apply  the  same  efficient  scheduling 
delay  function.  As  in  BID,  the  service  discipline  is  NGRSS.  The  distinction  in 
Silentnet  is  the  distributed,  as  opposed  to  centralized,  mechanism  used  to  initiate 
a  round.  While  BID  makes  use  of  the  end  stations  for  this  purpose,  in  Silentnet 
this  functionality  is  part  of  the  scheduling  delay  function.  Although  in  this  system 
there  are  no  explicit  start-of-round  events,  we  nevertheless  define  a  round  to  be  the 
sequence  of  transmissions  which  are  in  a  given  order,  either  left-to-right  or  right- 
to-left.  Consider  a  round  in  which  the  service  order  is  from  left  to  right,  and  5,-  is 
the  last  station  to  have  transmitted.  For  j  >  i,  Hj(i)  is  computed  as  is  done  in 
BID.  For  j  <  i,  Sj  has  already  had  its  turn  in  the  current  round;  it  schedules  its 
next  transmission  for  a  time  at  v.hich  it  will  be  the  first  in  the  next  round,  on  the 
assumption  that,  following  the  transmission  of  5,-,  stations  Sj+ l, • • •  ,  Si  do  not  start 
the  new  round.  We  now  show  how  this  time  is  evaluated.  The  reader  is  referred  to 
Fig.  2.12.  Were  some  station  S’*.,  i  <  k  <  M,  ready  to  transmit  after  S,-,  the  latter 
would  detect  BOC(/:)  an  amount  of  time  A  +  $  +  (k  - ») A  -f  27,^3  after  completing 
its  transmission.  Thus,  if  S,  detects  no  activity  for  A  +  $  4-  (M  -  *)A  +  2r,tjv/s 
after  it  completes  its  transmission,  none  of  the  stations  St,  i  <  k  <  M  could  have 
been  backlogged;  hence  S,-  can  transmit  at  this  time  (beginning  the  new  round  in 
which  the  service  order  will  be  from  5,  to  Si).  If  we  assume  that  it  takes  $s  for  S,- 
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*— J  HJP 

Fig.  2.12  Time-space  diagram  for  Silentnet  showing  the  relationship  between  the 
scheduling  delays  J7,(t),  H^(i)  and  Hj{i ),  j  <  i. 

to  re-evaluate  its  scheduling  delay  at  the  end  of  its  own  transmission,  !?,•(*)  for  a 
left-to-right  round  is  #,(»)  =  2 r,tA/  +  (M  -  t  +  1)A.  Given  this  potential  BOC(t), 
stations  5y,  j  <  i,  must  stagger  their  potential  transmission  times  appropriately. 
Thus,  synchronizing  to  the  actual  event  EOC(t),  the  scheduling  delay  for  Sj}  j  <  i, 
is  Hj[i)  —  {Hj(i)  -  A)  -f  (i  -  ;')  A.  The  scheduling  delay  for  a  right-to-left  round 
can  be  deduced  by  a  symmetrical  argument.  Thus  Hj{i)  can  be  computed  as 


(j  -  i  -  1)A 

J  >  * 

< 

1 

1 

•f* 

j  <  * 

2r,-.A/  +  {M  -i  +  1)A 

j  —  *  ; 

Hj{i)  =  ■ 

2rlfi  +  »A 

j  =  i 

2 +  (M  -  ;) A 

;  <* 

,2 Ti,i  +  U  -  1)  a 

j  >  * 

left-to-right  round 

- 

right-to-left  round. 

(2.18) 

Using  this  scheduling  delay,  the  performance  of  Silentnet  is  identical  to  BID.  If,  at 
the  cost  of  some  efficiency,  one  desires  that  the  scheduling  delay  be  independent  of 
the  stations’  locations  on  the  network,  one  could  replace  r,-^/  and  rl  t-  in  (2.18)  by 
r.  In  this  case,  with  Si  and  5a/  backlogged,  an  overhead  of  3r  is  incurred  between 
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consecutive  rounds  leading  to  a  network  capacity  of 


4 


C(M,  N)  = 


_ 1 _ 

1  +  u  +  <(>  4-  ^5  +  3  a/N 


(2.19) 


Comparing  (2.19)  with  (2.15)  we  see  that  the  capacity  of  Silentnet  is  identical 
to  BID  except  that  the  overhead  incurred  in  a  round  is  greater  by  an  amount  2a. 
In  Fig.  2.13  we  plot  the  capacity  versus  a  for  Silentnet  and  BID  and  various  values 
of  N.  The  effect  of  this  additional  overhead  is  clearly  shown. 

Comments:  (i)  Three  variants  of  Silentnet  are  presented  in  the  original  description 
[32].  The  first,  called  the  “basic  algorithm,”  is  the  one  described  above  but  with 
nM  replaced  by  r.  The  second,  called  the  “distance  algorithm,”  is  the  one  described 
above  in  (2.18),  and  its  performance  is  superior  to  that  of  the  basic  algorithm.  It 
is  given  the  name  distance  algorithm  since  each  station  must  have  knowledge  of 
the  distance  of  all  the  stations  from  one  end  of  the  network.  In  the  third,  called 
the  “see-saw  algorithm,”  the  start-of-round  function  is  assigned  to  the  end  stations. 
This  variant  of  Silentnet  is  identical  to  BID. 

(ii)  As  in  SOSAM,  a  mechanism  is  provided  in  Silentnet  to  maintain  the  existence  of 
the  synchronizing  event  (EOC(i))  when  the  network  load  is  low.  This  is  achieved  by 
having  the  last  station  to  have  transmitted,  if  idle  at  the  end  of  its  transmission,  set 
its  scheduling  delay  to  a  constant  sufficiently  large  such  that  it  will  have  detected  a 
transmission  by  any  backlogged  station  before  this  scheduling  delay  expires.  If  the 
scheduling  delay  does  expire,  a  dummy  packet  is  transmitted,  thereby  regenerating 
the  event  EOC(t).  This  continues  until  some  other  station  transmits,  in  which 
case  that  station  becomes  the  last  to  have  transmitted.  The  minimum  value  of  the 
constant  is  given  by  [max(ffy(i)}  +  2r]  which  is  4r  +  MA.  In  the  descriptions  of 

9iJ 

the  “basic  algorithm”  and  “distance  algorithm”  given  in  [32],  £T,-(»)  is  given  by  this 
amount  regardless  of  whether  5,-  is  backlogged  or  idle.  As  a  result  the  last  station  to 
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Fig.  2.13  Network  capacity  of  Silentnet  and  BID.  The  effect  of  a  larger  inter-round 
.  overhead  in  Silentnet  is  apparent. 
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transmit  in  a  given  round  misses  its  turn  in  the  next,  leading  to  an  unfair  scheduling 
function.  The  scheduling  delay  function  in  (2.18)  overcomes  this  limitation  in  the 
original  scheme  and  provides  fair  service  to  all  stations. 

2.5.5  L-Expressnet  (Borgonovo,  Fratta,  Tarini,  Zini,  1083)  [33] 

As  in  BID  and  Silentnet,  the  stations  in  L-Expressnet  are  numbered  sequen¬ 
tially  according  to  their  physical  locations.  But  contrary  to  the  former  two,  in  L- 
Expressnet  the  order  of  transmissions  is  always  in  one  direction  (say  left-to- right), 
and  the  scheduling  delay  is  computed  only  once,  at  the  beginning  of  the  round  with 
respect  to  an  explicit  start-of-round  token  (which  need  not  contain  any  information 
but  may  consist  merely  of  a  burst  of  carrier).  The  scheduling  delay  in  question 
then  represents  the  cumulative  period  of  idle  time,  counted  from  the  start-of-round 
token,  that  a  station  has  to  observe  before  it  is  allowed  to  transmit.  To  show  how 
this  scheduling  delay  is  evaluated,  let  us  revisit  BID  and  consider  a  left-to-right 
round  starting  with  the  start-of-round  token  (or  packet)  generated  by  Si.  After 
detection  of  EOC(l),  Sy  computes  J3y(l)  =  ( j  —  2)A.  By  definition  Hj(  1)  is  the 
amount  of  idle  time  that  Sj  must  observe,  following  the  detection  of  EOC(l)  and 
the  computation  of  Hj(  1),  before  initiating  a  transmission.  Assume  now  that  some 
station  S*,  1  <  k  <  ;,  (and  only  that  station),  is  backlogged  and  hence  trans¬ 
mits  before  Sy.  At  S*,  we  event  BOC(fc)  occurs  a  period  of  time  27* (1)  +  $s 
following  the  detection  of  EOC(l).  Since  the  stations  are  numbered  according  to 
their  physical  order,  BOC(&)  is  detected  at  Sj  a  period  of  time  ^jt(l)  +  As*  fol¬ 
lowing  the  detection  of  EOC(l).  Following  the  detection  of  EOC(fc),  Sy  computes 
ify(fc)  =  (j  —  k  —  1)A  and  thus  starts  its  transmission  Hj(k)  +  $s  after  the  de¬ 
tection  of  EOC (k).  The  observation  here  is  that  the  cumulative  idle  time  that  Sj 

*Just  as  it  takes  As  to  detect  EOC,  we  assume  that  it  takes  As  to  detect  the  BOC  event.  That  is, 
the  channel  is  assumed  to  be  in  the  idle  state  for  As  following  the  actual  start  of  signal  reception; 
hence  the  additional  A  in  the  expression. 
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must  have  observed  since  the  detection  of  EOC(l)  and  the  computation  of  Hj{  1) 
is  precisely  ifjfc(l)  +  A  4-  Hj(k)  +  $  =  Hj{  1)  +  $.  This  argument  can  be  easily 
generalized:  if  n  stations  transmit  between  Si  and  Sy,  the  cumulative  idle  period 
counted  from  EOC(l)  and  observed  by  5y  would  be  ffy(l)  +  n$.  This  suggests  that, 
instead  of  having  to  compute  a  new  scheduling  delay  following  each  transmission, 
one  could  compute  IJy(l)  once  at  the  beginning  of  each  round,  and  then  count  idle 
time  on  the  channel.  In  fact  this  eliminates  the  additional  idle  time  $  needed  for 
each  computation.  This  is  the  basic  idea  behind  L-Expressnet. 

The  other  important  difference  between  L-Expressnet  and  BID  is  that  the  for¬ 
mer  does  not  rely  on  the  end  stations  for  the  generation  of  the  synchronizing  token. 
The  latter  is  transmitted  by  that  station  which  is  the  leftmost  of  the  participating 
stations, *  thus  rendering  the  scheme  totally  distributed.  For  this  station  to  deter¬ 
mine  the  time  at  which  it  should  transmit,  the  following  mechanism  is  proposed 
in  L-Expressnet.  It  makes  use  of  the  previous  explicit  token  as  a  time  reference. 
Let  r  denote  the  current  round  and  let  S*r  be  the  station  that  transmitted  the 
start-of-round  token  in  round  r.  Upon  observing  EOC(token),  all  stations  count  a 
cumulative  idle  time  up  to  2 r  +  JlfA.  This  amount  is  sufficient,  even  in  the  worst 

case  where  kr  =  1,  for  all  stations  j  >  kr  to  have  had  their  chance  to  transmit.  As 

a 

can  be  seen  in  Fig.  2.14,  this  creates  a  virtual  time  reference  which  has  the  property 
that  it  occurs  after  the  last  transmission  in  the  round.  (A  tight  time  reference,  i.e., 
one  which  corresponds  exactly  to  the  potential  event  EOC(M),  could  be  achieved 
but  this  would  require  knowledge  of  the  t.-j’s  and  the  index  number  of  the  sta¬ 
tion  that  transmitted  the  start-of-round  token.)  Using  this  virtual  time  reference, 
each  participating  station  S*  schedules  a  time  at  which  to  transmit  the  next  start- 
of-round  token  using  a  similar  approach  to  the  procedure  to  recover  from  an  end 

|By  participating  station  we  mean  a  station  that  is  “alive”  and  in  sync  with  the  activity  on  the 
channel  Note  that  a  participating  station  need  not  be  backlogged. 
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start-of-round  token  virtual  end-of-round 


Fig.  2.14  Time-space  diagram  for  L-Expressnet  showing  typical  activity  on  the 
channel.  S2  is  the  leftmost  participating  station  and  therefore  it  trans¬ 
mits  a  start-of-round  packet  before  its  data  packet,  hence  the  two  time- 
space  loci  for  this  station  in  each  round. 

station  failure  in  BID.  That  is,  if  S*  fails  to  detect  activity  within  2rltjt  +  (A;  —  1)  As 
as  measured  from  this  virtual  time  reference,  it  transmits  the  start-of-round  token. 
In  the  description  of  L-Expressnet  in  [33],  this  scheduling  delay  is  computed  as 
2 (k—  1)0  where,  as  in  BID,  0  is  a  constant  greater  than  the  maximum  propagation 
delay  between  adjacent  stations  and  (although  not  mentioned  in  [33])  must  include 
an  amount  A  for  the  detection  time.  Obviously,  the  overhead  for  this  scheme, 
neglecting  the  start-of-round  token,  is 

Y{M,N)  =  2r  +  MA  +  2(Jfc-  1)0  (2.20) 

where  S*  is  the  leftmost  of  the  participating  stations.  Thus  C(M ,  N )  and  D(M,  N ) 
can  be  easily  computed  from  (2.3)  and  (2.4).  Curves  showing  the  capacity  versus  a 
for  L-Expressnet  would  be  similar  to  those  for  BID  and  Silentnet. 

Comments:  (i)  In  L-Expressnet,  each  station  uses  a  scheduling  delay  which  is  a 
function  only  of  that  station’s  index  number.  Hence  no  need  exists  to  read  the  index 
of  each  transmission.  In  addition,  since  the  scheduling  delay  is  not  re-evaluated  after 
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each  EOC,  the  processing  overhead  is  incurred  only  once  in  a  round. 

(ii)  In  L-Expressnet  all  stations  participate  in  the  start-of-round  procedure.  As  a 
result,  the  scheme  is  robust  in  the  sense  that  the  synchronizing  event  EOC(token) 
is  continuously  regenerated. 

(iii)  While,  in  general,  stations  take  As  to  detect  EOC(token)  plus  $s  to  recognize 
it  as  such,  the  station  that  transmits  the  start-of-round  token  does  not  incur  this 
overhead.  Thus  there  is  a  discrepancy  in  the  time  references  between  this  station 
and  the  rest  which  has  been  overlooked  in  the  above  description  of  L-Expressnet. 
This  can  be  compensated  for  by  the  former,  having  transmitted  the  start-of-round 
token,  delaying  any  further  activity  for  A  4-  $s. 


2.6  Schemes  Using  the  Reservation  Access  Mechanism 

In  this  section  we  describe  those  schemes  that  use  the  reservation  method  as 
their  basic  access  mechanism.  Some  of  the  characteristic  features,  by  which  these 
schemes  may  differ  from  each  other,  are  (i)  the  network  architecture,  (ii)  the  method 
by  which  a  reservation  is  made,  (iii)  the  need  for  stations  to  be  uniquely  numbered 

m 

or  lack  thereof  (contrast  this  to  the  scheduling  delay  access  mechanism  class  where 
all  schemes  require  the  stations  to  be  numbered),  (iv)  the  need  to  synchronize 
the  reservation  signals,  or  lack  thereof,  which  can  be  accomplished  in  an  entirely 
distributed  or  partially  centralized  fashion,  and  (v)  the  performance  achieved. 


2.6.1  DSMA  (Mark,  1080)  [34],  [35] 

The  BBC  network  configuration  used  in  this  scheme  is  shown  in  Fig.  2.15.  It 
consists  of  a  data  bus  and  a  set  of  control  wires  inter-connected  by  OR  circuits. 
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DATA  8US 


Fig.  2.15  BBC  configuration  used  in  DSMA. 


With  this  control-wire  assembly,  signals  transmitted  by  individual  stations  can  be 
“ORed,”  and  the  result  can  be  broadcast  to  all  stations  on  a  return  path.  Each 
station  is  assigned  a  unique  binary  address.  In  brief,  synchronized  with  the  start  of 
a  transmission  on  the  data  bus,  stations  wishing  to  transmit  attempt  to  reserve  the 
channel  by  simultaneously  transmitting  their  addresses  onto  the  request- output  line 
( RO )  of  the  control-wire  assembly.  (Note  that  reservations  can  be  done  simultane¬ 
ously  with  packet  transmissions.)  Due  to  the  particular  OR  function  implemented 
by  the  control-wire  assembly,  it  is  possible  to  identify  the  station  with  the  highest 
address,  which  is  then  the  next  to  access  the  data  bus. 

We  now  present  the  details  of  a  station’s  operation.  Assume  for  the  moment  that 
the  reservation  operation,  and  consensus  as  to  the  station  that  successfully  reserves 
the  channel,  can  be  completed  prior  to  the  end  of  the  current  packet  transmission 
on  the  data  bus.  Consider  that  some  station,  say  5,-,  has  reserved  the  channel.  As 
soon  as  S{  detects  that  the  data  bus  is  idle,  it  begins  to  transmit  its  packet  on  the 
data  bus  and  simultaneously  sets  RO{  to  the  logical  *1’  state.  This  action  initiates 
a  new  reservation  period  (RP)  to  determine  the  station  to  transmit  after  5,-.  During 
the  RP,  each  participating  station  transmits  its  address  serially  and  synchronously 


with  the  other  stations  onto  the  reservation  wire,  beginning  with  the  most  significant 
bit.  Synchronous  transmission  of  the  stations’  address  fields  is  accomplished  by  a 
clocking  signal  which  consists  of  a  sequence  of  clock  pulses  issued  by  a  centralized 
clock  at  the  time  that  it  detects  the  0  — »  1  transition  on  the  RO  line.  Assume  that 
the  logic  in  each  station  is  clocked  on  the  rising  edge  of  each  clock  pulse.  For  each 
rising  edge  of  the  clock  signal,  one  bit  of  each  station’s  address  is  placed  on  the  RO 
line,  and  the  logical  OR  of  the  signals  from  all  the  participating  stations  is  returned 
to  all  stations  by  means  of  the  request-input  ( RI )  line.  If  a  station  detects  that  the 
R1  line  is  ‘1’  while  its  transmitted  bit  is  ‘O’,  then  it  knows  that  it  has  unsuccessfully 
contended  for  the  channel  and  ceases  to  transmit  any  more  of  its  address  bits  in 
this  RP.  Only  one  station  will  correctly  receive  all  its  bits  and  this  station  is  the 
next  to  access  the  data  bus.  It  does  so  as  soon  as  the  data  bus  is  sensed  idle. 

For  each  RP,  the  station  that  successfully  reserves  the  channel  is  the  one,  among 
those  making  reservations,  that  has  the  highest  address.  Hence,  the  service  disci¬ 
pline  is  HOLS.  In  order  to  ensure  fair  allocation  of  the  bandwidth  to  all  stations, 
each  station  can  be  in  one  of  two  states:  active  or  dormant.  A  station  is  initially 
active  and  in  this  state  attempts  to  reserve  the  channel  as  described  above.  Having 
transmitted,  it  becomes  dormant  and  in  this  state  does  not  contend  for  the  channel. 
This  allows  other  stations  to  take  their  turns.  Eventually,  all  stations  will  be  either 
dormant  or  idle  and  so  no  station  will  reserve  the  channel.  This  condition  can  be 
detected  by  reading  the  ‘0’  address  during  the  RP.  When  they  detect  this  event,  all 
dormant  stations  reset  their  respective  states  to  active  and  immediately  initiate  a 
new  RP  by  asserting  their  respective  RO  lines.  Thus  the  first  reservation  of  each 
round  requires  a  double  reservation  period. 

To  ensure  the  proper  operation  of  the  s  erne,  the  clock  rate  of  the  central¬ 
ized  clock  must  be  sufficiently  slow  so  as  to  allow  the  address  signal  from  each 
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Fig.  2.16  Time-space  diagram  showing  the  minimum  time  required  between  two 
consecutive  clock  pulses  for  arbitrary  positions  of  the  clock  and  final  OR 
gate.  X'j^  represents  the  value  of  ROj  after  clock  pulse  i.  The  dashed 
diagonal  lines  represent  the  time-space  locus  of  events  on  the  RI  line. 


participating  station  to  propagate  through  the  control-wire  assembly  in  the  time 
between  successive  clock  pulses.  In  order  to  compute  the  clock  rate,  and  hence  the 
duration  of  the  RP,  we  consider  the  general  case  where  the  clock  and  the  final  OR 
gate  are  located  at  arbitrary  positions  on  the  network.  Let  r?  and  r’io  denote  the 
propagation  times  on  the  control  wire  between  S,-  and  the  clock,  and  5,-  and  the 
final  OR  gate,  respectively.  Let  t'o  c  denote  the  propagation  time  on  the  control  wire 
between  the  clock  and  the  final  OR  gate.  Consider  a  clock  pulse  occurring  at  time 
te  as  shown  in  Fig.  2.16.  As  this  clock  signal  reaches  a  given  station,  this  station 
places  its  next  address  bit  on  its  respective  RO  line.  These  signals  from  all  stations 
propagate  towards  the  final  OR  and  then  back  along  the  RI  line  to  all  stations.  The 
next  clock  pulse  must  occur  at  each  station  after  the  time  that  this  complete  OR 
result  reaches  that  station.  As  can  be  seen  in  Fig.  2.16,  this  requires  a  separation 
between  clock  pulses  of 
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Fig.  2.17  Time-space  diagram  showing  the  clocking  on  the  DSMA  reservation 
channel  during  a  reservation  period.  The  clock  is  located  in  the  cen¬ 
ter  of  the  network.  X represents  the  value  of  ROj  after  clock  pulse 

t. 

Obviously,  the  optimum  position  of  both  the  clock  and  final  OR  gate  (so  as  to 
minimize  the  time  between  clock  pulses  and  hence  the  duration  of  the  RP)  is  in  the 
center  of  the  network  as  shown  in  Fig.. 2. 15.  Under  these  conditions,  the  expression 
in  (2.21)  reduces  to  t'.  From  here  on,  we  assume  that  this  optimal  condition  is  true; 
i.e.,  the  clock  and  final  OR  gate  are  collocated  in  the  center  of  the  network,  and 
the  separation  of  pulses  from  the  central  clock  is  t\  Now  that  we  have  the  period 
of  the  clock,  we  can  compute  the  duration  of  the  RP. 

Let  n  denote  the  number  of  bits  in  the  address.  With  M  users,  n  =  flog2(M  + 
1)].  (The  ‘O’  address  is  used  to  indicate  an  end  of  round.)  As  can  be  seen  in 
Fig.  2.17,  n  +  1  clock  pulses  are  required  to  transmit  and  receive  the  entire  n  bit 
address,  and  so  the  duration  of  the  RP,  denoted  by  h ,  is  given  by 

h  =  tit'.  (2.22) 

At  the  end  of  the  RP,  ore  station  will  have  successfully  reserved  the  channel.  This 
station  will  be  the  one  that  has  the  highest  address  among  those  making  reserva¬ 
tions. 
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Now  that  we  have  established  the  events  over  one  RP  let  us  examine  the  activity 
on  the  channel  over  consecutive  transmissions.  Let  S',-  be  the  station  currently 
transmitting.  Let  r,-iC  denote  the  signal  propagation  delay  on  the  data  bus  between 
S,-  and  the  clock.  Assume  that  Sy  is  the  station  to  transmit  after  S,-.  Depending  on 
the  relative  values  of  h  and  T,  and  on  the  locations  of  S,-  and  Sy,  the  end  of  the  RP 
(EORP)  may  occur  at  Sj  either  before  or  after  the  event  EOC(t).  In  Fig.  2.18(a), 
we  show  the  case  where  the  event  EORP  occurs  before  the  event  EOC(t)  at  every 
point  on  the  network.  In  Fig.  2.18(b),  we  show  the  case  where  EORP  occurs  after 
EOC(t)  at  every  point  on  the  network.  In  Fig.  2.18(c),  we  show  the  case  where 
the  time  space  loci  of  EORP  and  EOC(i)  intersect.  In  this  case,  depending  on  its 
location,  the  synchronizing  event  for  Sj  could  be  either  EORP  or  EOC(i). 

In  general,  given  that  S,  is  currently  transmiting,  EORP  reaches  Sj  a  time 
period  of  t,iC  +  h  4-  ryiC  after  the  time  at  which  S,-  begins  to  transmit;  and  EOC(t') 
reaches  Sj  a  time  period  of  T r,,y  after  S,  begins  to  transmit.  Consequently,  the 
overhead  between  two  consecutive  transmissions  in  the  same  round  can  be  expressed 
in  general  terms  as 

max{r,,y  ,  h  +  r,-iC  +  ryiC  -  T  -  0}  +  A  (2.23) 

where  the  A  accounts  for  the  time  required  to  detect  either  EOC(t)  or  to  sense  that 
the  bus  is  idle  after  detecting  EORP.  Between  the  last  transmission  in  round  r  and 
the  first  in  round  r+  1,  an  addition  RP  is  incurred.  The  overhead  between  these 
two  transmissions  is* 

max{rt)y  ,  2 h  +  r,-iC  +  ry)C  -  T  -  fl}  +  A  (2.24) 

We  now  derive  some  performance  measures.  Under  the  assumption  that  the 

clock  (together  with  the  final  OR  gate)  is  located  in  the  center  of  the  network,  we 

*We  assume  here  that  the  clock  can  also  detect  an  all  ‘O'  address  and  then  immediately  initiate  a 
new  RP.  Hence,  there  is  no  overhead  between  these  two  RPs  due  to  propagation  delays. 
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k-  t  +  n  — H  k-H  Tj.c+A 


Fig.  2.18  Time-space  diagram  showing  the  execution  of  a  reservation  occurring 
simultaneously  with  a  transmission.  In  (a)  the  end  of  the  RP  (EORP) 
is  always  seen  before  EOC(*),  in  (b)  EORP  is  always  seen  after  EOC(i), 
and  in  (c),  depending  on  the  relative  positions  of  the  stations,  EORP 
may  be  seen  either  before  or  after  EOC(i). 
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consider  values  of  h  such  that  EORP  occurs  either  (i)  before  or  (ii)  after  EOC(t) 
at  every  point  in  space.  To  satisfy  case  (i)  requires 


~>2h  +  r,)C  +  Tjc  —  T  —  ft 


h  —  2^  +  ^  T*.i  T«'ic  Ti,c) 


=>  h<-(T  +  n-r) 


(2.25) 


where  the  last  expression  is  the  necessary  bound  to  satisfy  all  possible  positions  of 
*  and  j.  Assuming  r'  =  r  this  condition  can  be  expressed  as 


a  < 


1  -r  U 


2j'log2(Af  -f  1) I  +  1 


(2.26) 


If  the  above  condition  holds,  the  overhead  between  consecutive  transmissions  by  <?,• 
and  Sj  is  r,  j  +  A,  and  the  performance  of  DSMA  depends  on  the  layout  in  the  same 
way  as  the  performance  of  SOSAM  does.  Briefly  we  mention  two  extremes,  which 
are  the  bounds  on  the  overhead  for  the  case  where  EORP  occurs  before  EOC(i). 
The  first  is  where  stations  are  located  on  the  extremes  of  the  network  and  where, 
given  a  transmission  by  5,,  the  next  station  to  transmit  is  on  the  opposite  side  of 
the  network  from  the  side  of  5,-.  In  this  case  the  overhead  over  one  round  is 


Y{M,N)  =  Nt  +  N&  (2.27) 

The  second  extreme  is  the  case  where  the  stations’  logical  order  is  the  same  as  their 
physical  order  on  the  bus/  In  this  case,  like  SOSAM,  the  overhead  over  one  round 
is 


Y{M,N )  =  2r  +  iVA 


(2.28) 


tThere  is  also  the  degenerate  case  where  all  stations  are  located  at  the  same  point.  In  this  case  the 
overhead  over  one  round  is  Y{M,  N)  —  N&. 
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To  satisfy  case  (ii),  i.e.,  where  EORP  occurs  after  EOC  at  every  point  on  the 
network,  we  require  that 


T*,j  <  h  +  Ti,c  +  %c  -T-Q 
h  >  T  +  CJ  +  Tf  j  —  r,)C  —  Tj  c 

=>  A>r  +  n 

which,  assuming  that  r'  =  r,  can  be  expressed  in  terms  of  o  as 

^  1  +  w 

°  -  flog2(M  +  1)1  ' 


(2.29) 


(2.30) 


The  overhead  between  consecutive  transmissions  by  5,-  and  5;  is  given  by  (2.23)  and 
in  this  case,  evaluates  to  be  nr'  +  rt)C  +  ryiC  — (T  +  fl)  + A.  Clearly,  the  overhead  over 
one  round  where  N  arbitrary  stations  transmit  depends  on  the  distance  of  each  of 
these  stations  from  the  clock.  A  lower  bound  on  this  overhead  occurs  when  all  N 
stations  and  the  clock  are  collocated  in  the  center  of  the  network  and,  including  the 
extra  RP  incurred  between  rounds,  is  given  by 


Y(M,  N)  =  N[nr'  ~(T  +  n)  +  Aj  +  nr'.  (2.31) 

An  upper  bound  on  the  overhead  occurs  when  each  of  the  stations  is  located  at  one 
of  the  extreme  ends  of  the  network,  and  is  given  by 

Y(M,  N )  =  N[nr'  +  r  -  [T  +  0)  +  A]  +  nr'.  (2.32) 

For  a  more  realistic  value,  we  assume  that  the  stations  are  uniformly  distributed 
over  the  length  of  the  network  such  that  the  average  value  of  r,)C  is  r/4.  For  such  a 
layout,  the  expected  overhead  in  a  round,  where  N  arbitrary  stations  transmit,  is 

Y(M,  N)  =  N[m'  +  t/2  -  (T  +  0)  +  A]  +  nr'.  (2.33) 
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Using  one  of  the  above  expressions  for  the  overhead,  it  is  straightforward  to  compute 
C(M,  N)  and  D(M ,  N )  for  the  case  when  EORP  occurs  after  EOC  at  every  point 
in  space. 

Neglecting  u  and  6,  we  plot  in  Fig.  2.19  the  capacity  versus  a  using  for  the 
overhead  (2.28)  for  values  of  a  <  l/[2flog2(M  +  1)]  4-  1)  and  (2.33)  for  values 
of  a  >  l/[log2(A/+  1)].  In  the  region  given  by  l/[2[log2(M  4-  1)]  4-  1]  <  a  < 
l/flog2(Af  +  1)],  C(M,N)  depends  on  both  the  ratio  h/T  and  the  relative  locations 
of  the  stations,  making  it  difficult  to  obtain  quantitative  values.  Instead,  we  fill  in 
this  small  region  by  eye  so  as  to  maintain  continuity  between  the  other  two  regions. 
While  C(M ,  N)  does  show  slight  sensitivity  to  different  combinations  of  M  and 
N,  the  capacity  does  not  increase  with  increasing  M.  In  fact,  it  decreases  with 
increasing  M  for  a  greater  than  about  0.1.  This  effect  occurs  because,  for  such 
values  of  a,  the  overhead  incurred  with  each  transmission  depends  on  the  length  of 
the  reservation  period,  and  the  latter  increases  with  increasing  M. 

Comments:  (i)  The  network  architecture  is  a  cumbersome  arrangement  of  three 
control  wires  in  addition  to  the  data  bus.  The  request-output  line  requires  active 
taps  thus  compromising  reliability  by  making  the  network  sensitive  to  a  single  sta¬ 
tion  failure. 

(ii)  Since  stations  are  required  to  transmit  their  network  addresses  synchronously 
onto  the  RO  line,  a  centralized  clock  is  provided  rendering  the  scheme  partially 
centralized. 

(iii)  If  a  <  (1  -f  w)/(2[log2(M  +  1)]  +  1),  the  overhead  between  consecutive  trans¬ 
missions  in  the  same  round  is  proportional  to  A,  and  is  independent  of  o.  If,  on  the 
other  hand,  o  >  (1 4-w)/[log2(M+ 1)],  the  overhead  between  consecutive  transmis¬ 
sions  is  proportional  to  a,  and  it  increases  linearly  with  increasing  a.  As  a  result,  the 
performance  degrades  rapidly  with  increasing  bandwidth  and  (to  a  lesser  degree) 
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DATA  BUS 


Fig.  2.20  BBC  configuration  used  in  the  Control- Wire  scheme. 

with  increasing  M.  Even  a  reasonably  small  value  of  Af  =  31  together  with  a  large 
value  of  uj  =  0.5  requires  a  <  0.3  to  be  below  this  bound. 

(iv)  Instead  of  using  active/dormant  states  to  achieve  fair  scheduling,  one  could 
instead  require  a  station,  upon  becoming  backlogged  or  having  already  transmitted 
in  the  current  round,  to  wait  for  the  beginning  of  the  next  round  before  attempting 
to  access  the  channel.  If  the  latter  method  is  used,  the  service  discipline  becomes 
GSS  instead  of  HOLS. 

2.6.2  The  Control-Wire  (Eswaran,  Hamacher,  Shedler,  1979)  [36],  [37] 

The  network  configuration  used  for  this  scheme  is  shown  in  Fig.  2.20.  As  in 
DSMA,  it  consists  of  a  data  bus,  which  is  used  for  packet  transmission,  and  a  set  of 
control  wires  inter-connected  by  OR  gates,  which  is  used  to  arbitrate  access  to  the 
bus.  While  in  DSMA,  signals  on  all  of  the  RO  lines  of  the  control-wire  assembly 
are  ORed  and  thj  result  returned  on  the  RI  line  to  every  statior,  in  the  Control- 
Wire  scheme,  each  station  receives  on  its  RI  line  the  logical  OR  of  the  signals  from 
the  RO  lines  of  the  stations  to  its  left  only.  Thus,  at  any  time,  5,-  can  determine 
whether  any  station  to  its  left  is  asserting  its  RO  line. 

A  station  wishing  to  transmit,  say  S,-,  operates  as  follows.  5,-  places  a  reservation 
by  setting  RO,,  and  waits  a  period  of  time  (which  is  determined  below)  sufficient 
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for  this  reservation  signal  to  propagate  across  the  network.  After  this  amount  of 
time  has  elapsed,  5,-  is  ready  to  transmit  but  may  be  inhibited  from  doing  so  by 
one  of  two  signals.  Either  the  data  bus  is  sensed  busy,  meaning  that  some  other 
station  is  currently  using  the  channel,  or  Rli  =  1,  meaning  that  some  station  to  the 
left  of  Si  has  placed  a  reservation  for  the  channel.  If,  however,  both  the  data  bus 
is  idle  and  Rli  —  0,  5,  may  transmit  its  packet  conflict  free.  Having  completed  its 
transmission,  5,  sets  ROi  =  0,  thereby  allowing  stations  to  its  right  to  take  their 
turns. 

We  consider  now  the  method  whereby  conflict  free  transmission  is  guaranteed. 
Consider  two  stations  5,-  and  5;  where  j  >  t.  Suppose  that  5,-  sets  ROi  —  1  at  time 
ti.  If  RIj  =  0,  this  signal  makes  a  transition  from  0  to  1  at  time  f,-  4-  r-  •.  If  Sj  is 
not  yet  transmitting,  it  will  be  inhibited  from  doing  so  until  S,  has  taken  its  turn. 
Suppose  that  Sj  began  to  transmit  just  before  time  ti  4-  r/y.  In  this  case,  BOC(j) 
reaches  S,  at  time  t,  4-  r?  •  4-  r,ty.  Therefore,  if  S,-  waits  t,  +  r/  •  4-  r.  j  after  setting 
ROi  =  1  and  only  then  senses  the  data  bus  for  carrier,  it  will  be  appropriately 
inhibited  from  transmitting  by  the  activity  from  Sj.  Thus,  to  guarantee  conflict 
free  transmission  in  general,  each  station  must  wait  rf  4-  rs  after  setting  RO  =  1 
before  attempting  to  access  the  channel,  i.e.,  before  it  reads  the  state  of  RI  and 
senses  the  data  bus  for  activity.  Having  successfully  gained  access  to  the  channel 
and  completed  its  packet  transmission,  5,-  must  relinquish  its  reservation  so  as  to 
allow  those  stations  on  its  right  to  take  their  turns.  This  is  achieved  by  simply 
setting  ROi  =  0. 

Note  that  the  Control- Wire  access  protocol  described  above  is  unfair  in  that  it 
gives  priority  to  stations  on  the  left.  This  is  the  first  of  two  algorithms  proposed 
in  [36]  and  is  consistent  with  the  earliest  version  of  the  scheme  [37].  The  second 
algorithm  proposed  in  [36]  allocates  the  channel  fairly  among  all  stations  by  means 
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of  a  round  robin  service  discipline.  From  the  above  description  of  the  protocol,  it  is 
clear  that  the  maximum  time  separating  two  consecutive  transmissions  is  2 r  +  A. 
Hence,  the  end  of  a  round  can  be  detected  when  the  channel  remains  idle  for  longer 
than  2t  +  As.  To  ensure  fair  scheduling,  each  station,  upon  becoming  backlogged 
or  having  already  transmitted,  waits  for  the  end  of  the  current  round  before  it 
contends  for  the  channel.  This  leads  to  the  GSS  discipline.  Alternatively,  the 
method  of  active/dormant  states,  which  was  proposed  for  DSMA  and  leads  to  the 
HOLS  discipline,  could  be  used. 

In  Fig.  2.21  we  show  the  activity  on  the  data  bus  and  the  control  wire  for  a 
network  with  six  stations  operating  under  heavy  traffic.  Clearly,  the  maximum 
channel  overhead  over  one  round  is 

Y(M,  N)  =5t  +  t'  +  (N  +  1)  A  (2.34) 

an  1  hence,  letting  a!  =  r 1  /T, 

^  ^  1  4-  u  +  6  4-  (5a  +  a'  4-  6)/N  (2  35) 

D(M,  iV)  —  N(  1  4-  uj  4-  5)  4-  5a  -4*  a  4-  6. 

The  relationship  between  the  capacity  and  a  for  this  scheme  is  similar  to  that  for 
BiD  and  Silentnet.  However,  the  overhead  over  one  round  is  on  the  order  of  6r  as 
opposed  to  r  and  3 r  for  BID  and  Silentnet,  respectively.  As  a  result,  C(M,N )  for 
thi  Control- Wire  scheme  is  slightly  lower  for  given  values  of  a  and  N. 

Comments:  (i)  Like  DSMA,  the  control-wire  taps  are  active  components,  and  there¬ 
fore,  reliable  operation  of  the  network  depends  on  reliable  operation  of  all  stations. 
Nevertheless,  the  topology  of  this  network  scheme  is  simpler  than  that  of  DSMA 
since  only  a  single  control  wire  is  required.  While  in  DSMA  synchronous  trans¬ 
mission  of  all  the  bits  in  the  address  field  is  required,  in  the  Control- Wire  scheme 
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the  stations  make  reservations  asynchronously  merely  by  asserting  their  respective 
RO  lines.  Since  no  centralized  timing  is  required,  the  Control- Wire  scheme  is  fully 
distributed. 

(ii)  In  the  access  protocol  described  above,  each  station,  having  set  RO  =  1,  is 
required  to  wait  r'  +  r  before  attempting  to  access  the  channel.  This  however  is  an 
excessive  amount  of  time  except  for  stations  on  the  extreme  left  of  the  network.  In 
fact  it  is  sufficient  for  5,  to  wait  4-  rl)A/  to  guarantee  conflict  free  transmission. 
This,  however,  requires  5,-  to  have  knowledge  of  its  position  on  the  network.  In  the 
original  description  of  the  Control- Wire,  this  time  interval  is  specified  as  rx,M  +  r 
which  is  not  the  minimum  and  also  requires  knowledge  of  the  station’s  position  on 
the  network. 

(iii)  Recall  that  stations  recognize  an  end-of-round  event  when,  after  some  EOC, 

the  channel  remains  continuously  idle  for  2 r  -f  2 As.  We  note  that  all  stations  detect 

the  EOC  a  time  period  of  A  after  its  actual  occurrence  except  for  the  one  that  is  the 

last  to  transmit  in  a  given  round.  As  a  result,  there  is  a  discrepancy  of  A  between 

the  time  reference  of  the  station  that  is  the  last  to  transmit  in  a  given  round  and 

that  of  the  other  stations.  We  discuss  the  possible  ramifications  of  this  discrepancy. 

With  reference  to  Fig.  2.21  where  Sq  is  the  last  to  transmit  in  the  round,  let  <6  be 

• 

the  time  at  which  EOC(6)  occurs  at  56  will  be  prepared  to  transmit  at  time 
<6  +  (2t  +  A)  +  (t'  +  t)  which,  as  is  evident  from  the  figure,  is  a  time  period  of 
A  before  the  reservation  signal  from  S\  reaches  it.  For  the  scenario  depicted  in 
Fig.  2.21,  this  is  of  no  consequence  since  5 6  is  already  inhibited  from  transmitting 
by  reservations  from  S2  to  S$.  If  however,  those  stations  did  not  place  reservations 
(or,  alternatively,  if  Si  to  5s  were  collocated  on  the  left  side  of  the  network)  then  5 6 
would  have  been  the  first  to  transmit  in  this  round,  followed  by  S\.  While  conflict 
free  transmission  is  guaranteed,  the  service  discipline  is  not  GSS.  Nevertheless,  GSS 
can  be  guaranteed  by  increasing  the  time  that  stations  are  required  to  wait  after 
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setting  RO  =  1  and  before  attempting  to  transmit  by  A  to  r’  +  r  +  A. 

(iv)  In  the  description  of  the  scheme  given  above,  we  stated  that  a  station  relin¬ 
quishes  its  reservation  by  retting  RO  =  0  at  the  instant  that  it  ends  its  packet 
transmission.  In  the  description  of  the  scheme  in  [36],  a  station  relinquishes  its 
reservation  at  the  instant  that  it  begins  its  transmission.  Using  the  method  pro¬ 
posed  in  [36],  it  is  possible  for  a  packet  collision  to  occur  under  some  circumstances 
which  we  now  describe.  Consider  the  following  scenario:  two  stations,  5y  and  <?*, 
j  <  k,  have  made  reservations  by  asserting  their  respective  RO  lines;  a  third  station, 
Si,  i  <  ;,  is  currently  transmitting.  Suppose  that  EOC(t)  occurs  and  is  detected 
by  5y  at  time  tj.  At  this  time,  Sy  sets  ROj  =  0  and  begins  to  transmit.  Clearly, 
Sk  detects  EOC(t)  at  time  fy  -f  ry,*,  Rh  =  0  at  time  fy  -f  rj-A,  and  BOC(;)  at  time 
tj  -l-  tji k  +  A.  In  order  to  guarantee  conflict  free  transmission,  it  is  essential  that 
BOC(y)  be  detected  by  S*  before  RIk  =  0  is  detected.  To  satisfy  this  constraint 
requires  that  tj  +  Ty +  A  <  tj  +  rj-  k,  or 

A  <  Ti,k  -  r,,k-  (2-36) 

It  is  not  clear  that  this  constraint  can  always  be  satisfied  (for  example,  what  if 
t'  <  t).  Thus,  the  method  of  relinquishing  the  reservation  described  in  [36]  may 
lead  to  erroneous  operation  of  the  network,  whereas  the  method  described  above 
always  leads  to  correct  operation  of  the  network. 

2.6.3  UBS-RR  (Tobagi,  Rom  1980)  [39],  [40] 

In  each  of  the  previous  two  schemes,  a  control-wire  assembly  is  used  to  place 
reservations  for  the  data  bus.  By  using  the  UBS  netwo  k  configuration  shown 
in  Fig.  2.2(b),  the  UBS-RR  scheme  implements  the  reservation  access  mechanism 
by  transmitting  both  reservation  signals  and  packets  on  the  data  bus.  Just  as 
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the  unidirectional  signalling  along  the  control  wire  in  the  Control- Wire  scheme 
establishes  a  natural  ordering  among  stations,  the  unidirectional  signal  propagation 
on  the  outbound  channel  of  the  UBS  also  establishes  a  natural  ordering  among 
stations  and  allows  a  given  station  to  indicate  to  those  on  its  right  its  desire  to 
transmit;  however,  each  station  must  have  the  capability  to  sense  activity  on  the 
outbound  channel  due  to  stations  on  the  upstream  side  of  its  transmit  tap.  We 
now  describe  the  access  protocol  which  shows  how  stations  place  reservations  and 
transmit  packets  in  the  conflict-free  environment. 

Assume  for  the  purpose  of  this  discussion  that  stations  are  numbered  sequen¬ 
tially  from  left  to  right.  With  respect  to  a  given  round,  any  station,  as  in  DSMA, 
may  be  either  active  if  it  has  not  yet  transmitted  in  the  current  round  or  dormant  if 
it  has.  A  station  that  is  idle  or  dormant  does  not  contend  for  the  channel.  Only  an 
active  backlogged  station  may  contend  for  the  channel.  According  to  this  scheme, 
such  a  station,  say  5,,  waits  for  the  next  EOC  on  the  inbound  channel  (EOC(in)). 
Then,  to  place  a  reservation,  it  transmits  a  short  burst  of  unmodulated  carrier  of 
duration  A  and  simultaneously  begins  listening  to  the  outbound  channel  for  a  pe¬ 
riod  of  time  of  at  least  2 rj  ,-  +  A.  This  is  sufficient  time  for  EOC(in)  to  propagate 
to  the  end  of  the  inbound  channel  and  then  for  a  possible  reservation  burst  from 
the  beginning  of  the  outbound  channel  to  propagate  to  and  be  detected  by  S',-.  If 
the  outbound  channel  is  sensed  idle  during  this  entire  period  then  there  are  no 
stations  to  the  left  of  S,  reserving  the  channel.  5,-  transmits  its  packet  and  goes  to 
the  dormant  state.  If  S,-  does  sense  activity  on  the  outbound  channel  during  this 
period,  it  defers  to  the  station  on  its  left  and  waits  for  the  next  EOC(in)  at  which 
time  it  repeats  the  protocol. 

It  is  clear  that  according  to  this  algorithm  the  most  upstream  station  of  those 
making  reservations  transmits  conflict  free.  (While  it  is  possible  for  reservation 
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bursts  to  overlap,  packet  transmissions  never  incur  a  collision.)  Like  DSMA,  this 
leads  to  the  HOLS  discipline.  Since  dormant  stations  do  not  contend  for  the  channel, 
we  are  assured  that  no  station  will  transmit  more  than  one  message  in  a  round  and 
thus  fair  scheduling  is  attained.  Looking  at  the  activity  on  the  channel  (Fig.  2.22), 
one  will  observe  that  the  time  separating  two  consecutive  packets  in  the  same  round 
is  one  round  trip  delay  (i.e.,  twice  the  propagation  delay  between  two  end  stations) 
plus  2A.  In  this  gap  are  the  reservation  bursts  of  the  active  backlogged  stations 
attempting  to  gain  access  to  the  channel.  (These  burst  may  overlap.)  When  the 
inbound  channel  is  idle  for  longer  than  this  time,  then  all  stations  are  either  idle 
or  dormant  meaning  that  the  round  has  ended.  At  this  time,  all  dormant  stations 
set  their  states  to  active  and  contend  for  the  channel  by  transmitting  reservation 
bursts.  As  a  result,  an  overhead  of  4 r  -f  3A  is  incurred  between  two  consecutive 
rounds  as  shown  in  Fig.  2.22(b). 

Clearly,  the  total  overhead  in  a  round  where  N  stations  transmit  is 


Y(M,  N )  =  N{2t  +  2A)  +  2r  +  A 


(2.37) 


and  the  network  capacity  and  packet  delay  are 


C{M,N)  1+w  +  2<5  +  2a+(2a  +  «5)/iV 
and  D(M,  N )  =  N(1  +  w  4-  26  +  2a)  +  2a  +  6. 


(2.38) 


Like  DSMA,  the  overhead  per  transmission  increases  linearly  with  increasing  a.  As 
shown  in  Fig.  2.23,  C(M,  N )  decreases  sharply  as  a  becomes  larger  than  about  0.3 
which  makes  this  scheme  unsuitable  for  applications  requiring  high  bandwidth  or 
small  packets,  as  is  the  case  with  other  schemes  suffering  from  this  performance 
limitation  (such  as  DSMA,  BRAM,  and  CSMA). 
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Fig.  2.22  Activity  on  the  channel  between  two  consecutive  transmissions  in  UBS- 
RR.  In  (a)  S,  and  S}  are  both  active  and  backlogged  at  the  time  EOC(in) 
is  detected.  In  (b)  they  are  both  dormant  and  backlogged  at  this  time. 
Si,  being  the  more  upstream  station  on  the  outbound  channel,  transmits 
first. 
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Maximum  Channel  Capacity 


Fig.  2.23  Capacity  versus  o  for  UBS-RR. 
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Comments:  ( i )  As  in  the  Control-Wire  scheme,  stations  do  not  need  unique  index 
numbers  but  are  naturally  ordered  according  their  positions  on  the  network.  Each 
station  is  connected  to  the  channel  via  passive  taps.  Hence,  the  network  is  less 
vulnerable  to  single  station  failures  than  the  previous  two  schemes. 

(ii)  As  described  above,  each  station  is  required  to  wait  at  least  2ri)(-  +  A  after 
detecting  EOC(in)  so  as  to  detect  a  possible  reservation  burst  from  some  station 
on  its  left.  This  is  the  minimum  time  required.  If  it  is  undesirable  that  the  access 
protocol  requires  knowledge  of  the  stations’  positions  on  the  network,  a  constant 
time-out  period  of  2r  -f-  A  can  be  used  by  all  stations  at  some  cost  in  performance. 
If  this  approach  is  used,  the  channel  overhead  between  consecutive  transmissions 
by  5,  and  5;  is  2r  —  2A  —  2 7h\{  (as  opposed  to  2r  -f  A  if  the  minimum  time-out 
period  is  used).  The  maximum  idle  time  between  two  consecutive  transmissions  is 
4r  +  2A.  Since  A  is  incurred  in  detecting  EOC(in),  dormant  stations  must  measure 
an  idle  period  of  4r  4-  A  to  determine  that  a  round  has  ended. 

(iii)  This  scheme  is  robust  in  the  sense  that  the  algorithm  is  completely  distributed 
and  conflict  free,  any  station  can  start  a  new  round  when  the  current  one  ends  and, 
if  the  network  goes  idle  for  an  extended  period  of  time,  any  station  can  begin  to 
transmit  by  detecting  this  idle  condition  and  making  a  reservation.  If  there  are  no 
reservations  from  the  left  within  the  time-out  period,  such  a  station  may  transmit. 

(iv)  Some  improvement  in  performance  can  be  gained  if  each  active  backlogged  sta¬ 
tion,  upon  detecting  EOC(in),  immediately  transmits  its  packet  instead  of  trans¬ 
mitting  its  reservation  burst  and  waiting  for  the  time-out  period.  A  transmitting 
station  must  continue  to  monitor  the  outbound  channel  for  a  transmission  from 
upstream  while  the  packet  transmission  is  in  progress.  If  such  a  station  detects 
activity  from  upstream,  it  aborts  its  transmission,  allowing  the  upstream  one  to 
continue  conflict  free.  Thus  we  see  how  the  reservation  mechanism  used  on  a  UBS 
configuration  is  similar  to  the  attempt-and-defer  basic  access  mechanism  which  has 
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been  briefly  described  in  section  2.3.3,  and  will  be  discussed  in  detail  in  the  next 
section. 


2.7  Schemes  Using  the  Attempt-and-Defer  Access 
Mechanism 

In  this  section  we  describe  those  schemes  that  use  the  attempt-and-defer  method 
as  their  basic  access  mechanism.  Only  the  UBS  configuration  can  support  this  ac¬ 
cess  mechanism.  None  of  these  schemes  require  stations  to  be  indexed.  Rather, 
the  unidirectionality  of  the  signal  propagation  provides  a  natural  ordering  of  the 
stations  which  is  exploited  by  the  round  robin  scheduling  functions.  Characteris¬ 
tic  features  of  these  schemes  include  (i)  synchronous  or  asynchronous  operation, 
(ii)  completely  distributed  or  partially  centralized  access  protocols,  (iii)  the  service 
discipline  and  (iv)  the  performance  achieved.  Some  of  these  schemes  allow  ran¬ 
dom  access  techniques  to  be  used  when  the  channel  is  lightly  loaded  but  revert  to 
DAMA  when  collisions  are  incurred.  We  classify  such  schemes  as  hybrid  forms  of 
the  attempt-and-defer  access  mechanism.  In  this  section  we  first  discuss  the  pure 
forms  of  the  attempt-and-defer  access  mechanism  and  then  we  discuss  the  hybrid 
forms. 

2.7.1  Pure  forms  of  the  Attempt-and-Defer  Access  Mechanism 

2. 7. 1.1  Expressnet  (Pratta,  Borgonovo,  Tobagi,  1081)  [10],  [11] 

The  topology  of  Expressnet  is  shown  in  Fig.  2.24.  As  in  the  UBS-RR,  sta¬ 
tions  access  the  outbound  channel  to  transmit  and  the  inbound  channel  to  read 
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INBOUND  CHANNEL 


Fig.  2.24  UBS  configuration  used  with  Expressnet. 


the  transmitted  data.  Each  station  also  has  the  ability  to  sense  activity  on  the 
outbound  channel  due  to  stations  on  the  upstream  side  of  its  transmit  tap.  While 
in  the  UBS-RR.  EOC(in)  is  used  as  the  synchronizing  event,  in  the  access  proto¬ 
col  of  Expressnet,  the  end-of-carrier  on  the  outbound  channel  (EOC(out))  is  used 
to  determine  when  to  transmit.  In  accordance  with  the  attempt-and-defer  access 
mechanism,  all  backlogged  stations  attempt  to  transmit  when  they  detect  EOC(out) 
and  defer  to  upstream  transmissions.  More  specifically,  5,  waits  for  EOC(out),  and 
then  transmits  carrier  while  simultaneously  listening  for  a  transmission  from  up¬ 
stream.  If,  within  As,  BOC(out)  is  detected,  then  some  station  upstream  from  5,- 
is  transmitting.  5,  defers  its  transmission  and  waits  for  the  next  EOC(out).  The 
overlap  of  these  two  transmissions  is  limited  to  the  first  As  of  each,  thus  affecting 
only  the  beginning  po.rt  of  the  preamble.  On  the  other  hand,  if  S,  does  not  detect 
any  activity  from  upstream  within  As,  it  proceeds  with  its  transmission.  Note  that 
there  L  a  single  station  which  does  not  have  to  abort  its  transmission,  and  hence, 
it  transmits  successfully.  Moreover,  a  station  that  has  completed  the  transmission 
of  a  packet  in  a  given  round  will  not  encounter  the  event  EOC(out)  again  in  that 
round,  thus  guaranteeing  that  no  station  will  transmit  more  than  once  in  a  given 
round. 

We  now  describe  the  mechanism  for  initiating  a  round.  Define  a  train  to  be  a 
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succession  of  transmissions  in  a  given  round.  A  train  is  generated  on  the  outbound 
channel  and  entirely  seen  on  the  inbound  channel  by  all  stations.  The  end  of  a 
train  on  the  inbound  channel  (EOT(in))  is  detected  whenever  the  idle  time  exceeds 
A.  Using  a  topology  for  Express-net  as  shown  in  Fig.  2.24,  EOT(in)  will  visit  each 
station  in  the  same  order  as  they  are  permitted  to  transmit.  To  start  a  new  round, 
EOT(in)  is  used  as  the  synchronizing  event,  just  as  EOC(out)  was  used  in  the  above 
description.  Thus  stations  synchronize  their  transmissions  to  the  first  of  the  two 
events  EOC(out)  or  EOT(in).  (Note  that  only  one  such  event  can  occur  at  a  given 
point  in  time.) 

Now  we  discuss  the  performance  of  the  system.  In  Fig.  2.25  we  show  the  ac¬ 
tivity  in  Expressnet  over  one  round  under  the  heavy  traffic  condition.  Consecutive 
transmissions  in  the  same  round  are  separated  by  a  gap  of  A.  In  addition,  as  with 
all  schemes  using  the  attempt-and-defer  mechanism,  the  first  A  seconds  of  each 
packet  is  likely  to  be  corrupted  by  an  overlapping  transmission.  In  this  figure,  and 
in  other  time-space  diagrams  showing  the  activity  of  a  scheme  using  this  access 
mechanism,  these  As  are  shown  by  the  shaded  portion  at  the  beginning  of  each 
transmission.  The  time  separating  two  consecutive  trains  is  the  propagation  delay 
between  the  transmit  tap  and  the  receive  tap  of  a  station  plus  2A  and  is  the  same 
for  all  stations.  For  the  topology  shown  in  Fig.  2.24  this  amounts  to  2r  +  2A.  Thus 
the  capacity  of  Expressnet  and  the  maximum  delay  are 


C(M,  N)  = 


1 

1  +  w  -f  26  +  (2a  +  6)/N 


and  D{Kd}  W)  —  JV(l  -f-  uf  -t-  26)  -f-  2a  4-  6. 


(2.39) 


The  capacity  versus  a  for  Expressnet  with  6  =  uj  =  0  is  plotted  in  Fig.  2.26.  As  with 
the  more  efficient  schemes  that  have  been  discussed  so  far  (such  as  BID,  Silentnet, 
and  the  Control- Wire  scheme),  the  capacity  of  Expressnet  does  not  depend  on  M 
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Time 

Fig.  2.25  Activity  on  Expressnet  over  one  round  under  the  heavy  traffic  condition. 

The  shaded  portion  at  the  beginning  of  each  transmission  represents  the 
portion  of  the  preamble  that  is  likely  to  be  corrupted  by  an  overlapping, 
aborted  transmission. 

but  only  on  N,  and  it  increases  with  increasing  N. 

Two  variants  of  Expressnet  have  been  proposed  in  the  literature  and  we  mention 
them  briefly.  The  first  is  a  partially  centralized  version  of  Expressnet  called  D-Net 
(Tseng,  Chen,  1983)  [41].  In  this  variant,  the  most  upstream  node  on  the  outbound 
channel  undertakes  the  responsibility  of  transmitting  the  start-of-round  token  each 
round.  This  approach  simplifies  the  station  design;  no  cold  start  procedure  is  re¬ 
quired,  it  is  not  necessary  for  a  station  to  listen  for  EOT  on  the  inbound  channel, 
and  a  station  need  never  transmit  the  start-of-round  token.  In  addition,  since  it  is 
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no  longer  a  requirement  for  the  EOT  to  visit  each  station  on  the  inbound  channel  in 
the  same  order  as  their  physical  order  on  the  channel,  the  topology  can  be  reduced 
from  a  double  folded  channel  to  a  single  folded  channel  as  shown  in  Fig.  2.2(b). 
The  functionality  and  performance  of  D-Net  are  identical  to  that  of  Expressnet; 
D-Net  merely  simplifies  the  stations’  access  protocol  by  centralizing  the  functions 
associated  with  the  generation  of  the  start-of  round  token  and  obviates  the  need  for 
the  cold-start  procedure. 

The  second  variant  uses  the  BBC  configuration  shown  in  Fig.  2.20.  In  this 
variant,  (Fratta,  1983)  [38],  the  synchronizing  event  is  a  1  — »  0  transition,  which 
propagates  from  left  to  right  along  the  unidirectional  control  wire.  A  station  wishing 
to  transmit,  say  5,-,  examines  Rli.  If  Rli  =  1,  then  5,-  sets  RO,  =  1,  waits  for  the 
1  — »  0  transition  on  Rli ,  and  then  begins  to  transmit.  Having  transmitted,  5,- 
sets  ROi  =  0,  thus  allowing  the  1  — ►  0  transition  to  propagate  along  the  control 
wire  to  5,+l.  If,  when  5,  examines  the  state  of  the  control  wire,  it  determines  that 
Rli  =  0,  then  5t-  has  had  its  turn,  and  will  not  see  another  1  — »  0  transition  on 
the  control  wire  in  the  current  round.  In  this  case,  5,-  must  wait  for  the  next  round 
before  contending  for  the  channel.  An  end  of  a  round  occurs  when  the  data  bus  is 
detected  idle  for  a  time  period  of  r'  -f  r.  At  this  time  all  backlogged  stations  set 
ROi  —  1  and,  by  means  of  an  appropriate  time-out  at  each,  the  new  round  is  begun 
by  the  leftmost  backlogged  station.  This  station  transmits  and  then  sets  RO  =  0, 
thereby  regenerating  the  synchronizing  event.  While  the  Expressnet  access  protocol 
does  not  make  any  use  of  information  regarding  the  topology,  this  variant  requires 
knowledge  of  r'  and  r.  Also,  the  performance  of  the  latter  is  the  same  as  that  of 
the  Control- Wire  scheme  which  is  inferior  to  that  of  Expressnet. 

Comments:  (i)  Expressnet  is  fully  distributed  and  asynchronous.  It  does  not  require 
that  stations  be  indexed  or  ordered  in  any  way;  ordering  is  automatically  achieved 
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due  to  the  unidirectionality  of  the  signal  propagation.  Furthermore,  stations  require 
no  knowledge  of  the  topology  or  size  of  the  network.  Not  even  the  value  of  r  is 
required. 

(ii)  To  avoid  losing  the  synchronizing  event  EOT(in)  which  happens  if  no  packets  are 
ready  when  it  sweeps  the  inbound  channel,  all  stations  (whether  idle  or  backlogged) 
transmit  a  short  burst  of  unmodulated  carrier  of  duration  A  whenever  EOT(in)  is 
detected.  (If  the  station  is  in  the  backlogged  state  it  does  so  before  attempting  to 
transmit  a  packet.)  We  refer  to  this  burst  as  the  start-of-round  token;  in  [10]  and 
[11]  it  is  referred  to  as  a  locomotive .  If  the  train  were  to  be  empty,  then  the  end 
of  the  start-of-round  token  constitutes  EOT(in).  Hence  the  system  is  robust  and  is 
periodically  synchronized  by  the  event  EOT(in).  The  description  of  Expressnet  in 
[10]  and  [11]  also  presents  a  distributed  cold-start  procedure  whereby  this  event  can 
be  generated  if  the  network  is  completely  silent,  such  as  when  it  is  powered  on.  A 
station  undertakes  the  cold-start  procedure  when  it  detects  that  the  channel  is  idle 
for  a  time  of  2 r  +  2  A.  At  this  time  it  transmits  carrier  on  the  outbound  channel  for 
2rs,  deferring  if  necessary  to  another  station  undertaking  the  cold-start  procedure 
on  its  left.  The  end  of  this  transmission  provides  the  unique  synchronizing  events 
EOC(out)  and  EOT(in). 


2.7. 1.2  Fasnefc  (Limb,  Flores,  1981)  [12],  [13] 

The  topology  of  Fasnct  consists  of  the  UBS  configuration  shown  in  Fig.  2.2(a). 
While  Expressnet  is  a  completely  distributed,  asynchronous  scheme,  Fasnet  is  par¬ 
tially  centralized  with  the  most  upstream  station  (or  head  station)  and  the  most 
downstream  station  (or  end  station)  on  each  bus  performing  special  functions.  All 
users  can  read  from  and  write  to  both  channels.  A  user  wishing  to  send  a  packet 
transmits  on  one  of  the  channels  such  that  the  recipient  is  downstream  from  the 
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sender.  As  the  two  channels  are  identical  we  consider  events  on  channel  A.  For  chan¬ 
nel  A  the  head  user  is  user  1  and  the  end  user  is  user  M.  The  head  user  transmits  a 
clock  signal  which  keeps  the  system  bit  synchronous.  From  this  clocking  information 
and  a  synchronization  pattern  transmitted  at  regular  intervals,  stations  listening  to 
the  channel  are  able  to  identify  fixed  length  slots  travelling  downstream.  Each  slot 
begins  with  an  access  control  field  (AC)  which  determines  how  and  when  each  sta¬ 
tion  may  access  the  channel.  The  structure  of  the  AC  field  consists  of  three  bits. 
The  start  bit  (SB),  when  set,  indicates  the  start  of  a  new  round  or  cycle  (SOC). 
The  busy  bit  (BB),  when  set,  indicates  that  a  packet  has  been  written  into  the  slot. 
After  each  of  these  bits  is  a  dead  time  which  allows  the  station  some  time  to  read 
and  process  them  as  the  slot  is  travelling  by.  The  third  bit,  called  the  end  bit  (EB), 
is  located  in  the  dead  time  between  the  start  and  busy  bits.  This  bit  is  used  by  the 
end  station  to  instruct  the  head  station  via  channel  B  to  initiate  a  new  cycle  on 
channel  A. 

The  details  of  this  access  protocol  are  as  follows.  A  station  wishing  to  transmit 
a  packet  on  channel  A  waits  for  a  new  round  which  begins  when  SB=1  is  detected. 
It  then  reads  and  sets  the  BB  of  each  slot  (setting  an  already  set  bit  is  assumed  to 
have  no  effect).  When  an  empty  slot  is  detected,  the  station  writes  its  packet  into  it. 
If  the  station  has  another  packet  to  transmit  it  waits  for  SB=1  before  attempting  to 
transmit  again.  This  ensures  that  each  station  transmits  only  once  in  every  round. 
In  particular,  the  GSS  discipline  is  achieved.  If,  instead,  each  station  maintains  an 
active/dormant  flag  which  is  set  to  dormant  after  transmitting  and  reset  to  active 
when  the  station  reads  SB=1,  then  fair  round  robin  scheduling  can  be  achieved 
without  requiring  idle  stations,  upon  becoming  backlogged,  to  wait  for  a  new  round 
before  transmitting.  This  approach  was  used  in  an  earlier  version  of  Fasnet  which 
is  described  in  [12j  and  it  leads  to  the  HOLS  discipline.  Thus  the  basic  access 
mechanism  of  Fasnet  can  be  classified  as  the  attempt-and-defer  access  mechanism 
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since  a  station  attempts  to  transmit  by  writing  the  BB  but  defers  if  it  determines 
that  BB  is  already  set.  A  new  round  is  initiated  by  the  head  station  in  cooperation 
with  the  end  station.  The  end  station  examines  all  slots  on  channel  A,  decoding 
the  status  of  SB  and  BB.  Upon  detecting  SB=1,  the  end  station  looks  for  the  first 
slot  in  which  BB=0  (indicating  that  all  users  are  idle  or  waiting  to  detect cSB  =  1), 
at  which  time  it  sets  EB=1  in  the  next  slot  on  channel  B.  The  head  user,  detecting 
EB=1  on  channel  B,  then  sets  SB=1  in  the  next  slot  on  channel  A. 

Due  to  the  slotting  of  the  time  axis,  the  inter-round  overhead  is  an  integral 
number  of  slots  and  on  the  average  is  \2r/T]T  +  T  where  T  is  the  transmission 
time  of  a  slot.  This  implies  that  the  inter-round  overhead  is  at  least  two  slots,  even 
if  r  is  close  to  zero.  The  interpacket  overhead  is  merely  the  length  of  the  AC  field 
which  is  on  the  order  of  a  few  bit  times  [13],  [14].  Denoting  the  length  of  the  AC 
field  normalized  to  T  by  ac,  the  network  capacity  of  Fasnet  is  given  by 


C(M,  N)  = 


1 _ 

1  +  oc  +  ([2a]  +  l)/iV  ’ 


(2.40) 


Curves  showing  the  capacity  versus  a  for  Fasnet  and  Expressnet  with  6  =  u  = 
ac  =  0  are  plotted  in  Fig.  2.26.  Since  the  overhead  over  one  round  in  Jbsnet  is 
never  less  than  two  slots,  Fasnet  achieves  a  poor  utilization  for  small  values  of  N. 
In  Expressnet,  there  is  no  slotting  of  the  time  axis,  and  so  as  a  — ♦  0  the  overhead 
becomes  zero  and  the  capacity  approaches  1.  (The  same  is  true  for  all  non-slotted 
schemes.)  Note  that  in  Fasnet  there  are  two  channels  which  operate  independently. 
Equation  (2.40)  and  the  capacity  curves  in  Fig.  2.26  represent  the  network  capacity 
as  a  fraction  of  either  the  bandwidth  per  channel  or  of  the  combined  bandwidths  of 
both  channels. 

In  Fasnet,  transmissions  are  bit  synchronous  with  the  clock  signal  from  the  head 
station  and  so  no  preamble  is  required.  All  other  schemes,  being  asynchronous, 
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require  a  preamble.  The  effect  of  a  nonzero  preamble  on  the  network  capacity 
is  shown  for  Expressnet  in  Fig.  2.27.  A  preamble  which  is  on  the  same  order 
of  magnitude  as  the  packet  transmission  causes  a  significant  degradation  in  the 
capacity.  Although  this  figure  only  shows  the  effect  of  the  preamble  on  Expressnet, 
all  asynchronous  schemes  suffer  this  degradation  in  performance°as  a  result  of  the 
preamble. 

As  with  all  schemes  using  the  GSS  discipline,  the  maximum  delay  incurred  by 
a  packet  is  given  by  the  maximum  length  of  two  rounds;  a  station  may  become 
backlogged  just  after  the  SOC  has  gone  by,  and  hence  have  to  wait  one  whole  round 
before  it  sees  the  next  SOC,  plus,  if  it  is  the  farthest  downstream,  another  round 
before  it  can  transmit  this  packet.  Thus  D(M,  N)  is 

D(M,  N)  =  (2jY  -  1)(1  +  ac )  +  [2a }  +  1.  (2.41) 

If  the  protocol  implements  the  HOLS  discipline  such  as  with  an  activ6/dormant 
flag,  a  station  never  has  to  wait  more  than  one  round  before  being  able  to  transmit, 
and  in  this  case,  D(M,  N )  is 

D(M ,  N)  =  iV*(l  +  ac)  +  [2a] +  1  ^2.42) 

Comments:  (i)  Stations  are  synchronized  to  a  common  clock  generated  by  the  head 
station  on  each  bus.  Consequently,  there  is  no  need  to  have  a  preamble  preceding 
each  transmission.  This  can  improve  the  channel  utilization  as  compared  to  an 
-  asynchronous  system  by  5  to  50  percent  depending  on  the  expected  packet  length-. 
(For  example,  assuming  that  the  length  of  the  preamble  in  an  asynchronous  system 
is  64  bits  and  the  length  of  the  packet  is  700  bits,  the  channel  utilization  is  increased 
by  about  10  percent  in  an  asynchronous  system  due  to  the  lack  of  the  preamble.) 
(ii)  Due  to  the  slotted  channel,  this  scheme  is  best  suited  for  fixed  length  packets. 
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Unless  packets  are  always  exactly  the  size  of  a  slot,  some  fraction  of  the  slot  will 
not  be  used,  and  this  constitutes  wasted  capacity.  Also,  in  the  case  where  a  packet 
requires  multiple  slots,  the  overhead  associated  with  the  AC  field  and  headers  is 
incurred  for  each  slot. 

(iii)  Si,  wishing  to  send  a  message  to  Sj,  must  select  one  bus  on  which  to  transmit 
such  that  Sj  is  downstream  from  S',-.  Therefore  each  station  must  know  which 
stations  are  to  its  left  and  which  are  to  its  right.  This  information  could  easily 
be  stored  in  a  table  and  maintained  by  the  station  itself.  If  S,-  were  unsure  of  the 
location  of  Sj,  it  could  transmit  on  both  channels.  As  soon  as  an  acknowledgment 
were  received,  S,  could  determine  the  relative  location  of  Sj. 

(iv)  Since  this  scheme  has  two  channels  which  operate  independently,  the  total 
bandwidth  available  is  twice  the  bandwidth  of  one  channel.*  If  we  were  to  compare 
Fasnet  to  the  other  schemes,  we  would,  however,  consider  only  one  of  these  two 
channels.  The  reason  is  the  following.  Fasnet  requires  two  transmiters  and  transmit 
taps,  two  receivers  and  receive  taps,  and  two  finite  state  machines  to  execute  the 
access  protocol.  For  all  intents  and  purposes,  this  amounts  to  two  networks  with 
some  arbitrary  mechanism  whereby  a  station  selects  one  of  the  two  networks  on 
which  to  transmit  (in  this  case,  the  relative  location  of  the  recipient  is  the  selection 
criterion).  For  any  of  the  other  networks  one  could  achieve  the  same  effect  of 
doubling  the  bandwidth  by  supplying  another  bus  and  doubling  the  hardware  at 
each  station. 

(v)  As  long  as  the  head  and  end  stations  are  functioning  properly,  this  scheme  is 
completely  robust,  since  stations  can  always  achieve  bit  and  frame  sync  from  the 
head  station.  The  scheme  can  also  be  made  robust  against  a  head  station  failure  by 
providing  each  station  with  the  ability  to  perform  the  functions  of  the  head  station. 

*This  assumes  that  the  bandwidths  of  each  of  the  two  channels  are  equal  and  that  the  expected 
traffic  is  the  same  on  both  of  them. 
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Then,  an  arbitrary  station  can  provide  the  functions  of  the  head  station  if  it  does 
not  detect  the  clock  signal  from  any  other  station  upstream. 


2. 7.1.3  U-Net  (Gerla,  Yeh,  Rodrigues,  1983)  [42] 

U-Net  is  an  asynchronous  scheme  implemented  on  the  UBS  configuration  shown 
in  Fig.  2.2(a).  Like  Fasnet,  this  scheme  is  partially  centralized.  The  end  stations 
are  responsible  for  initiating  new  rounds  by  transmitting  start-of-round  tokens.  A 
station,  5,-,  wishing  to  transmit,  listens  to  both  busses  for  a  start-of-round  token. 
Denote  the  bus  on  which  this  token  is  detected  as  the  forward  bus,  the  other  as 
the  reverse  bus.  Suppose  that  5,-  detects  a  token  on  bus  A.  (This  token  would  have 
been  transmitted  by  Si.)  5,-  then  attempts  to  access  the  forward  bus  using  the 
attempt-and-defer  access  mechanism  described  in  Expressnet.  Once  5,-  establishes 
on  the  forward  bus  that  it  has  access  right  to  the  channel,  it  transmits  its  packet 
on  both  busses  simultaneously. 

As  in  Expressnet,  activity  on  the  forward  bus  consists  of  a  sequence  of  trans¬ 
missions  separated  by  gaps  of  A.  Sm  is  able  to  determine  the  end  of  the  round  on 

bus  A  when  it  detects  an  idle  period  greater  than  As  (or  immediately  after  its  own 

* 

transmission  if  it  transmits  in  this  round).  At  this  time,  5a/  initiates  a  new  round 
on  bus  B.  Clearly,  the  service  discipline  of  this  scheme  is  GRSS.  This  is  due  to  the 
fact  that  stations  are  serviced  sequentially,  the  order  of  service  reverses  from  round 
to  round,  and  gating  is  in  effect  by  requiring  stations  to  wait  for  a  start-of-round 
token  before  attempting  to  transmit.  A  time-space  diagram  showing  the  activity 
on  the  channel  for  this  scheme  is  shown  in  Fig.  2.28.  Neglecting  the  start-of-round  - 
token,  the  capacity  is  given  by 


C{M,N ) 


_ 1_ _ 

1  +  u  +  25  4-  (o  •+  6)/N  ' 


(2.43) 
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Fig.  2.28  Activity  on  the  channel  for  U-Net  operating  under  the  heavy  traffic  con¬ 
dition. 


Neglecting  u  and  5,  the  network  capacity  of  this  scheme  is  the  same  as  for  BID 
and  is  plotted  as  a  function  of  a  in  Fig.  2.10.  Like  BID,  the  delay  D(M,N)  varies 
with  each  station  and  with  the  order  of  service.  The  bounds  are  given  by  the  delay 
incurred  at  an  end ‘station  where,  neglecting  ^the  start-of-round  token,  D(M,N‘) 
alternates  between  the  values 


Dmin(A;f,  N )  —  1  +  u)  +  3  6, 

(2.44) 

(M,  N)  =  2[N{1  +  u  +  25)  +  a  +  8]. 

For  any  other  station,  the  delay  lies  between  these  two  values. 

Comments:  (i)  U-Net  is  similar  to  BID  in  the  way  that  the  end  stations  are  used  to 
start  new  rounds.  In  BID,  a  “direction  indicator”  is  transmitted  with  each  packet 
to  establish  the  order  of  service  in  a  given  round;  the  end  station  that  is  the  last  to 
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transmit  in  a  given  round  toggles  the  direction  indicator,  thereby  starting  the  next 
round.  U-Net  achieves  the  same  result  by  means  of  a  token,  transmitted  by  an  end 
station,  which  establishes  the  forward  bus  for  a  given  round;  however,  this  method 
requires  the  token  to  be  a  uniquely  identifiable  signal  such  as  a  reserved  bit  pattern. 
In  BID,  the  end  station  is  required  to  transmit  a  token  to  start  a  new  round  if  it 
does  not  have  a  packet  to  transmit,  but  this  token  is  simply  an  empty  packet  with 
the  appropriate  value  in  the  direction-indicator  field. 

(ii)  This  access  protocol  requires  two  distinct  busses,  two  transmitters  and  two  re¬ 

ceivers.  This  almost  doubles  the  cost  of  the  hardware.  While  this  is  true  also  of 
Fasnet,  in  Fasnet  each  packet  is  transmitted  on  only  one  of  the  two  busses  whereas 
in  U-Net  each  packet  is  transmitted  on  both  busses.  In  addition,  U-Net  is  asyn¬ 
chronous  and  requires  that  each  packet  be  preceded  by  a  preamble.  Thus,  if  the 
transmission  rate  on  each  of  the  busses  is  FF,  the  bandwidth  available  in  Fasnet 
is  2 W Cygnet (M,  M).  The  bandwidth  available  in  U-Net  is  M);  less 

than  half  that  of  Fasnet.  The  bandwidth  available  in  U-Net  is  approximately  the 
same  as  that  available  in  Expressnet  but  at  twice  the  cost. 

(iii)  The  issues  concerning  robustness  discussed  for  BID  are  equally  applicable  to 
U-Net.  As  long  as  both  end  stations  operate  correctly,  the  network  will  remain 
operational.  A  recovery  technique  similar  to  the  one  discussed  for  BID  could  be 
used  to  accommodate  end  station  failures  in  this  scheme. 

2. 7. 1.4  Token-Less  Protocol  (Rodrigues,  Fratta,  Gerla,  1984)  [43] 

In  section  2.5.4  we  described  how  Silentnet  implemented  an  access  protocol  sim¬ 
ilar  to  BID  but  in  a  distributed  fashion,  i.e.,  without  the  need  for  end  stations.  The 
Token- Less  Protocol  scheme  (TLP)  similarly  implements  a  completely  distributed 
version  of  U-Net.  To  achieve  this,  stations  use  the  event  EOC  instead  of  an  explicit 
token  to  determine  which  bus  is  the  forward  bus,  as  explained  below. 
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A  station  5,-,  wishing  to  transmit,  senses  both  busses  for  activity.  Due  to  the 
unidirectionality  of  the  signal  propagation,  and  the  conflict-free  nature  of  trans¬ 
missions,  only  one  of  the  two  busses  can  be  sensed  busy  by  St-  at  any  given  time. 
Suppose  S{  senses  carrier  on  bus  A.  (Hence,  it  senses  bus  B  to  be  silent.)  Bus  A  is 
denoted  the  forward  bus  and  plays  the  same  role  as  the  forward  bus  in  U-Net.  S,- 
waits  for  EOC(forward)  and  then  attempts  to  access  the  channel  by  transmitting 
for  As  on  the  forward  bus.  As  in  U-Net,  S,-  transmits  its  packet  on  both  busses 
simultaneously  once  it  has  established  that  it  has  acquired  the  right  to  access  the 
channel.  Having  completed  its  transmission,  5,-  continues  to  transmit  carrier  on  the 
reverse  bus  without  interruption,  until  it  detects  BOC(reverse).  We  call  this  trans¬ 
mission  of  carrier  on  the  reverse  bus  the  blocking  signal  (BS).  Hence,  EOC(forward) 
propagates  to  the  next  station  in  turn  after  S’,-,  but  no  EOC  event  is  generated  on 
the  reverse  bus.  As  seen  in  the  time-space  diagram  in  Fig.  2.29,  this  continues  until 
the  forward  bus  (bus  A  in  Fig.  2.29)  becomes  completely  idle  while  the  reverse  bus 
(bus  B)  carries  the  blocking  signal,  which  is  being  transmitted  by  the  last  station 
to  have  transmitted  in  the  current  round.  Suppose  that  5,-  is  that  station,  i.e.,  it 
is  the  one  transmitting  the  blocking  signal  on  bus  B.  (In  Fig.  2.29,  the  station  in 
question  is  S$.)  As  soon  as  it  determines  that  no  stations  downstream  from  it  on 
the  forward  bus  are  going  to  transmit,  5,-  makes  bus  B  be  the  forward  bus  (hence, 
bus  A  is  the  reverse  bus),  and  assuming  that  S’,-  is  backlogged,  transmits  its  packet 
on  both  busses.  (If  5,-  is  idle  at  this  time,  it  skips  the  last  step.)  Then,  5,-  transmits 
the  blocking  signal  on  the  reverse  bus  (now  bus  A),  while  EOC(forward)  propagates 
to  S,-_ i,  allowing  the  latter  to  take  its  turn. 

The  question  is  how  does  Si  determine  that  it  is  the  last  to  transmit  in  the 
current  round.  As  shown  in  Fig.  2.30,  if  5,-  transmits  the  blocking  signal  for 
2 Tij  +  3A  and  has  not  yet  detected  BOC(reverse),  then  5,-  can  be  certain  that 
Sj  has  seen  EOC(forward)  but  did  not  transmit.  If  5,-  transmits  the  blocking  signal 
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Fig.  2.29  Activity  on  the  channel  over  one  round  on  both  busses  in  TLP.  The 
heavy  traffic  condition  is  shown.  Bus  A  is  the  forward  bus  for  this 
round.  Note  how  the  first  As  of  each  packet  transmission  on  the  reverse 
bus  is  destroyed  due  to  the  blocking  signal. 


for  2 TifM  +  3A  and  does  not  detect  BOC(reverse),  then  it  can  be  certain  that  all 
stations  downstream  from  5,-  on  bus  A  have  detected  EOC(forward)  but  none  have 
transmitted.  Hence  5,-  may  initiate  the  new  round  on  bus  B*.  Clearly,  5,-  can  main¬ 
tain  the  blocking  signal  for  longer  than  this  time.  So,  if  it  is  undesirable  that  the 
time-out  period  for  each  station  be  dependent  on  that  station’s  position,  the  worst 
case  value  of  2r  4-  3A  (or  even  a  larger  value)  could  be  u  J  ior  all  stations.  If  the 
minimum  time-out  period  is  used  at  each  station  the  capacity  is  given  by 

C{M,N)  =  - - — - — —  . 

1  ■+•  w  +  3 6  +  (<!-{-  6)/N 

*By  symmetry,  if  bus  B  is  the  forward  bus,  then  Si  must  transmit  the  blocking  signal  for  2rlt,  +  3A 
before  it  may  initiate  a  new  round  on  bus  A. 
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Fig.  2.30  Time-space  diagram  showing  the  length  of  time  for  which  5,-  transmits 
the  blocking  signal  in  TLP,  before  detecting  the  transmission  from  Sj. 


However,  if  all  stations  use  a  time-out  of  2r  +  3A  then  the  capacity,  assuming  that 
S\  and  Sm  are  among  the  N  backlogged  stations,  is 


C(M,  N)  = 


1 

1  +  w  +  35  +  (3a  4-  6)/N  ' 


(2.46) 


The  capacity  in  both  of  the  above  cases  is  almost  independent  of  a  if  N  is  sufficiently 
large.  Like  BID,  the  service  discipline  is  NGRSS  and  hence  the  delay  D(M  N)  is 
different  at  each  station  and  depends  on  the  order  of  service.  The  bounds  are  given 
by  the  two  values  of  delay  incurred  at  an  end  station.  Assuming  all  stations  use  a 
time-out  of  2r  -f  3 A,  the  bounds  on  delay  are 


Anin(M,  N )  —  1  +  u)  +  45  +  2a, 

N )  =  2^V(1  -f-  uj  +  35)  +  6a  +  25. 


(2.47) 
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Fig.  2.31  Activity  on  the  channel  in  TLP  when  5,-  and  Sj  undertake  the  cold-start 
procedure. 

As  in  Expressnet,  the  description  of  TLP  in  [43]  includes  a  distributed  cold- 
start  procedure,  to  initialize  the  network.  A  station  will  invoke  this  procedure  if  it 
determines  that  there  is  no  activity  on  the  network.  It  can  easily  be  shown  that, 
if  there  is  at  least  one  station  that  is  transmitting,  then  any  arbitrary  station  will 
detect  some  activity  on  the  channel  within  a  time  interval  of  2r  +  3A.  If  any  station 
does  not  detect  any  activity  on  either  bus  for  2t  +  3 As,  then  it  must  imply  that 
there  is  no  activity  on  the  network,  and  5,-  must  undertake  the  cold-start  procedure. 
With  reference  to  Fig.  2.31,  we  now  describe  this  procedure  under  the  assumption 
that  two  stations  simultaneously  invoke  a  cold  start. 

Suppose  that  5,-  is  powered  on  at  time  and  invokes  the  cold-start  procedure 
at  time  f,-  -f  2r  +  3A.  Then  5,-  transmits  carrier  on  both  busses  for  2r  -I-  As,  deferring 
to  an  upstream  transmission  from  any  other  station  also  performing  the  cold  start 
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procedure.  As  seen  at  any  point  on  the  network,  at  least  one  bus  is  busy  after  time 
t,-  +  (2r +  3A)  +  (2r  +  A).  This  prevents  any  more  stations  from  undertaking  the  cold 
start.  The  remaining  steps  of  the  procedure  ensure  that  the  leftmost  participating 

• 

station  can  begin  a  round  and  transmit  conflict-free.  We  take  the  convention  that 
bus  A  is  the  forward  channel  for  the  first  round  following  a  cold-start  procedure. 
After  transmitting  on  both  busses  for  2r  +  A,  5,-  stops  transmitting  on  bus  B  but 
continues  to  transmit  on  bus  A.  Eventually,  the  left-most  participating  station  is 
the  only  one  transmitting.  When  it  detects  that  both  busses  are  idle,  this  station 
transmits  its  packet.  Following  this  first  transmission,  all  stations  will  be  correctly 
synchronized  as  in  a  regular  round.  The  overhead  incurred  by  this  procedure, 
measured  from  the  time  at  which  S{  begins  to  transmit  (time  -f  2r  +  3A  in 
Fig.  2.31)  is  at  least  2r  +  A.  However,  it  may  be  as  much  as  4r  +  A  if  S\  and  S\{ 
both  undertake  the  cold-start  procedure  and  Sm  begins  to  transmit  just  before  it 
detects  activity  from  S\. 

A  large  fraction  of  the  overhead  in  this  scheme  is  the  2t  overhead  incurred  by  a 
station  to  determine  that  it  is  the  end  station  in  a  given  round.  In  [43],  an  algorithm 
is  described  whereby  this  part  of  the  overhead  can  be  eliminated.  The  underlying 
premise  of  this  algorithm  is  that  the  end  station  changes  infrequently;  that  is,  if 
station  5,-  is  the  rightmost  participating  station  in  say,  round  r  in  which  bus  A  is 
the  forward  bus,  it  assumes  that  it  will  be  the  end  station  in  round  r  +  2.  Consider 
now  round  r  +  2.  In  order  for  station  5,  to  start  round  r  +  3  (with  bus  B  as  the 
forward  bus),  it  must  operate  as  follows.  It  waits  for  its  turn  in  round  r  +  2.  If  it 
has  a  packet  to  be  transmitted,  it  transmits  it  and  then  transmits  a  BS  on  bus  B  for 
a  period  of  2A  (while  on  bus  A  an  idle  gap  of  duration  2A  appears).  Note  that  if  it 
did  not  have  a  packet  to  transmit,  upon  its  turn,  5,-  immediately  transmits  the  BS 
of  duration  2A  on  bus  B.  In  either  case,  immediately  following  this  step,  it  initiates 
round  r  +  3  with  bus  B  as  the  forward  channel.  This  is  accomplished  either  by  the 
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Fig.  2.32  Activity  on  the  channel  over  one  round  for  the  variation  of  TLP  that 
assumes  that  the  end  stations  are  the  same  from  round  to  round.  In  this 
figure,  S2  and  5s  are  currently  the  end  stations. 


transmission  of  a  packet  on  both  busses  followed  by  the  BS  transmitted  on  bus  A, 
or  by  the  termination  of  the  BS  on  bus  B  in  case  5,-  has  no  packets.  Note  that  the 
2 A  gap  on  bus  A  at  the  end  of  round  r  +  2  allows  a  station  to  the  right  of  5,-  to 
begin  transmission  of  a  packet,  should  it  be  backlogged,  thus  causing  a  collision  and 
forcing  all  stations  to  reinitialize  by  means  of  the  cold-start  procedure. 

The  activity  on  the  channel  when  this  variant  of  the  Token-Less  Protocol  is 
being  used  is  shown  in  Fig.  2.32.  The  capacity  of  this  variant  of  the  scheme  is 


C(M,  N)  = 


1 

1  +  u  +  35  +  (a"  +  6)1  N 


(2.48) 


where  a"  =  t"/T,  and  r"  is  the  propagation  delay  between  extreme  participating 
stations.  As  long  as  the  end  station  changes  rarely,  the  overhead  associated  with 


the  re-initialization  process  is  incurred  infrequently.  However,  by  comparing  (2.48) 
and  (2.46)  we  see  that,  if  JV  is  sufficiently  large,  the  performance  improvement  is 
minimal.  This  fact,  together  with  the  additional  complexity  of  the  access  algorithm, 
may  make  this  version  of  the  protocol  unwarranted. 

Comments:  (i)  This  scheme  is  fully  distributed  and  does  not  require  a  special  token. 
However,  there  are  no  silent  intervals  between  consecutive  packets  on  the  reverse 
bus.  Since  there  is  always  some  activity  on  the  bus  between  consecutive  packet, 
some  means  must  be  devised  to  delimit  the  beginning  and  end  of  each  packet.  A 
code  violation  or  special  bit  pattern  could  be  used. 

(ii)  This  scheme  is  robust  in  the  sense  that  an  arbitrary  station  can  initialize  the 
network  by  means  of  the  coid-start  procedure.  In  addition,  if  a  station  detects  any 
abnormal  events,  such  as  simultaneous  activity  on  both  busses,  or  a  BOC  event 
when  it  is  already  transmitting,  then  that  station  can  undertake  a  cold-start.  The 
cold-start  procedure  is  guaranteed  to  bring  the  network  to  a  coherent  state. 

(iii)  Like  U-Net  and  Fasnet,  this  scheme  requires  two  busses  and  two  transceivers 
at  each  station.  As  in  the  case  of  U-Net,  packets  are  transmitted  on  both  busses 
simultaneously  and  so  the  bandwidth  of  this  scheme  is  the  bandwidth  of  one  bus 
whereas  in  Fasnet,  where  each  packet  is  transmitted  on  only  one  bus,  the  bandwidth 
available  is  twice  the  bandwidth  of  one  bus. 

2.7.2  Hybrid  Forms  of  the  Attempt-and-Defer  Access  Mechanism 

2.7.2. 1  MAP  (Marsan,  Albertengo,  1982) [44] 

The  topology  used  by  MAP  is  shown  in  Fig.  2.2(b).  While  in  Expressnet  a 
transmission  is  synchronized  to  one  of  the  events  EOC(out)  or  EOT(in),  in  MAP 
stations  can  transmit  at  any  time,  as  long  as  there  is  no  activity  from  upstream. 
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Fig.  2.33  Activity  on  the  channel  in  MAP  over  one  round.  The  heavy  traffic  con 
dition  is  assumed.  Successful  transmissions  are  numbered;  unsuccessful 
ones  are  not. 


If  a  station  detects  BOC(out)  while  it  is  transmitting,  it  merely  aborts  its  trans¬ 
mission,  allowing  the  upstream  one  to  continue  conflict  free.  To  allow  downstream 
stations  their  turns,  a  station  becomes  dormant  after  it  transmits  and  becomes 
active  again  when  it  detects  the  end-of-round  condition  (described  below)  on  the 
inbound  channel.  Clearly,  the  service  discipline  of  this  scheme  is  HOLS. 

As  with  other  attempt-and-defer  schemes,  the  activity  on  the  channel  consists 
of  a  sequence  of  transmissions  separated  by  a  gap  of  A,  forming  a  “train”.  Hence 
EOT(in)  can  be  detected  when  the  inbound  channel  is  idle  for  longer  than  As. 
At  this  time,  dormant  stations  set  their  states  to  active  and  begin  transmitting  if 
they  are  backlogged.  The  overhead  between  consecutive  rounds  depends  on  which 
station  begins  the  new  round  and,  under  the  heavy  traffic  condition,  will  be  2r  plus 
2A.  This  can  be  seen  in  Fig.  2.33  where  we  show  the  activity  on  a  network  with  six 
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Fig.  2.34  Time-space  diagram  for  MAP  showing  how  S$  transmits  a  packet  during 
the  inter-round  overhead  period. 

stations  operating  under  the  heavy  traffic  condition.  Notice  how  5,-,  *  >  1,  detects 
EOT(in),  begins  to  transmit,  and  then  aborts  its  transmission  when  it  detects 
activity  from  5,_j.  Assuming  that  S\  is  among  the  N  participating  stations,  the 
channel  capacity  and  packet  delay  for  MAP  are  given  by 


C(M,  N)  = 


_ 1 _ 

1  +  uj  +  8  *f-  2 d/N 


D(M,  N)  —  iV(l  +  u/  +  5)  +  2a. 


(2.49) 


Except  for  some  terms  in  6,  the  capacity  and  delay  in  (2.49)  are  identical  to  those 
for  Expressnet.  (The  capacity  for  Expressnet  is  plotted  versus  a  in  Fig.  2.26.) 

If  the  distance  between  5,-  and  S,-^  is  sufficiently  large  (or  if  T  is  sufficiently 
small),  it  is  possible  that  5,-  completes  its  transmission  before  activity  from  S^i 
reaches  it.  In  this  case,  5,-  is  able  to  successfully  transmit  a  packet  during  the 
inter-round  overhead  period.  To  illustrate  this  condition,  we  show  in  Fig.  2.34  a 
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network  with  six  stations  as  before,  however  S3  and  S4  are  idle.The  figure  shows 
that  S5,  having  detected  EOT(in)  after  the  transmission  of  Sg,  is  able  to  complete  a 
packet  transmission  dicing  the  inter-round  overhead  period.  S2  and  S i  also  detect 
this  EOT  event.  Si  transmits  the  first  packet  of  the  new  round,  but  then  detects 
EOC(in)  due  to  the  transmission  of  S5  which  is  interpreted  to  be  another  EOT(in). 
As  a  result,  Si  transmits  a  second  packet,  possibly  pre-empting  those  stations  to  its 
right.  To  avoid  this  erratic  and  unfair  behavior,  the  access  protocol  can  be  modified 
to  require  each  station  to  detect  first  its  own  transmission  on  the  inbound  channel 
and  then  EOT(in),  before  changing  its  state  from  dormant  to  active.  In  [44]  this 
requirement  has  been  imposed. 

Depending  on  the  instants  at  which  stations  become  backlogged,  it  is  possible 
for  the  situation  to  occur  which  results  in  an  access  delay  which  is  larger  than 
that  given  in  (2.49).  This  extremely  unlikely  event,  an  example  of  which  is  shown 
in  Fig.  2.35,  occurs  when  S,,  each  time  it  attempts  to  transmit,  has  to  abort  its 
transmission  when  this  transmission  has  almost  been  completed,  so  as  to  defer  to  a 
transmission  from  upstream.  This  can  repeat  for  at  most » —  1  attempts,  after  which 
Si  is  guaranteed  to  be  able  to  transmit  successfully.  If  t  =  N,  the  delay  incurred  by 
this  packet  is 

D'(M,  N)  =  (21V  -  1)(1  +  w  +  5)  .  (2.50) 

Since  this  sequence  of  events  is  so  unlikely,  it  is  reasonable  to  represent  the  maximum 
delay  for  MAP  by  (2.49).  However,  the  reader  should  be  aware  that  the  events 
leading  to  the  maximum  delay  given  in  (2.50)  could  occur  with  non-zero  probability. 

Comments:  (i)  In  a  network  which  is  lightly  loaded,  a  station,  upon  becoming 
backlogged,  is  likely  to  find  the  outbound  channel  to  be  idle  and  hence  is  able  to 
transmit  its  packet  immediately.  Thus,  under  light  loads,  MAP  achieves  the  per¬ 
formance  advantage  of  zero  waiting  delay  which  is  characteristic  of  random  access 
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Fig.  2.35  Activity  on  the  channel  in  MAP,  which  leads  to  the  worst  case  delay  for 

St. 


schemes,  while  achieving  the  throughput,  bounded  delay,  and  stability  character¬ 
istic  of  DAMA  schemes  at  high  loads.  Since  each  station,  having  transmitted  a 
packet,  must  detect  its  own  packet  and  then  EOT(in)  before  it  can  send  another 
packet,  an  overhead  of  at  least  2 4-  2A  is  incurred  between  consecutive  packets 
from  S,  even  when  this  station  is  the  only  one  accessing  the  channel.  Therefore,  a 
single  continuously  backlogged  station  cannot  utilize  the  full  channel  bandwidth  by 
transmitting  its  packets  back  to  back.  The  next  two  hybrid  schemes  overcome  this 
limitation  of  MAP. 

(ii)  Since  a  given  packet  may  be  immediately  preceded  by  the  aborted  transmission 
of  another  packet,  some  means  of  delimiting  the  beginning  of  a  packet  is  required 
so  that  it  can  be  successfully  received  on  the  inbound  channel.  As  suggested  for  the 
Token-Less  Protocol,  a  code  violation  or  special  pattern  could  be  used. 
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(iii)  Recall  that  each  station  is  required  to  first  detect  its  own  packet  on  the  inbound 
channel  and  then  detect  EOT(in)  before  it  can  move  from  the  dormant  to  active 
state.  However,  suppose  that  a  packet,  say  from  5,-,  is  destroyed  due  to  noise  on 
the  channel.  5,-  will  be  unable  to  receive  this  packet  on  the  inbound  channel  and 
will  remain  indefinitely  in  the  dormant  state.  To  avoid  this  deadlock,  we  propose 
a  slight  modification  to  the  access  protocol  which  uses  the  fact  that  the  beginning 
of  its  transmission  reaches  S’,  at  most  2 r  after  the  instant  at  which  it  began  to 
transmit:  Having  transmitted,  S,-  waits  either  until  it  detects  its  transmission  on 
the  inbound  channel,  or  until  it  times  out  a  period  of  2r.  Thereafter,  5,-  waits  for 
EOT(in)  before  moving  to  the  active  state.  This  modification  requires  that  each 
station  have  knowledge  of  r  which  otherwise  would  be  unnecessary. 


2.7.2.2  CSMA-DCR  (Takagi,  Yamada,  Sugawara,  1983) [45] 

The  UBS  configuration  used  by  this  scheme  is  shown  in  Fig.  2.2(a).  As  in  U- 
Net  and  the  Token-Less  Protocol  scheme,  packets  are  transmitted  on  both  channels 
simultaneously.  In  general,  stations  contend  for  the  channel  using  CSMA  as  the 
basic  access  mechanism.  That  is,  a  backlogged  station,  say  S,-,  waits  until  both 
busses  are  idle  and  then  transmits  its  packet.  If  a  collision  occurs,  S,-  aborts  its 
transmission.  As  can  be  seen  from  the  time-space  diagram  shown  in  Fig.  2.36,  an 
aborted  transmission  is  at  most  2r  -f  As.  By  requiring  that  packets  be  longer  than 
this  time,  a  means  is  provided  whereby  all  stations  (idle  or  backlogged)  are  able 
to  identify  a  collision.  Indeed,  a  transmitting  station  identifies  a  collision  when  it 
detects  activity  from  upstream  on  one  or  both  of  the  busses;  a  non-transmitting 
station  identifies  a  collision  if  it  detects  a  transmission  of  duration  less  than  or 
equal  to  2r  +  A.  When  a  collision  occurs,  a  DAMA  scheduling  procedure,  which  is 
described  below,  is  invoked  to  resolve  the  contention. 
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Fig.  2.36  Time-space  diagram  showing  simultaneous  transmissions  by  two  stations 
and  resulting  packet  collisions  in  CSMA-DCR. 


Due  to  the  network  configuration  being  used,  the  leftmost  (by  convention)  of 
all  stations  whose  packets  collided  can  easily  be  identified.  If  5,-  detects  no  activity 
from  the  left  within  2r  +  As,  measured  from  the  time  that  it  began  to  transmit, 
then  it  is  the  leftmost  of  those  stations  whose  packets  collided,  and  it  retransmits 
its  packet.  Any  other  station,  say  Sj,  waits  for  the  EOC  on  bus  A  (on  which  5, 
is  the  leftmost).  Using  this  event,  it  attempts  to  transmit  with  bus  A  being  the 
forward  bus.  Following  such  activity,  when  a  station  senses  the  channel  idle  for 
2r  +  As,  then  it  knows  that  all  stations  have  had  their  turns.  If  backlogged,  it  can 
immediately  attempt  to  transmit  using  CSMA.  In  Fig.  2.37,  we  show  the  activity 
on  the  channel  under  the  heavy  traffic  condition.  Note  how  each  station  begins  to 
transmit  2r  4-  2As  after  it  detects  the  EOC  of  the  last  transmission  in  the  round. 
Since  more  than  one  station  is  backlogged,  packet  collisions  take  place.  Si  begins  to 
transmit  conflict  free  2r  +  As  after  the  beginning  of  its  unsuccessful  transmission. 
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Clearly,  the  service  discipline  of  this  scheme  is  NGSS. 

As  stated  above,  in  order  that  all  stations  can  recognize  a  collision,  CSMA- 
DCR  requires  that  T  +  Q  >  2r  4-  A,  i.e.,  a  <  0.5  +  w/2  —  5/2.  As  a  result,  this 
scheme  suffers  the  same  performance  limitations  as  CSMA  with  collision  detection 
(CSMA/CD).  In  particular,  for  the  case  where  T  4-  Q  <  2r  4-  A  (such  as  when  the 
channel  bandwidth  is  high  or  the  number  of  bits  per  packet  is  small),  the  packet 
size  must  be  artificially  increased  with  dummy  bits.  Therefore,  the  channel  capacity 
and  packet  delay  are  given  by 


1 


C{M,  N)  = 


1  +  w  +  26  +  (6a  4-  25)/ N 

_ 1 _ 

(  2a  4-  35  4-  (6a  +  28)/ N 


a  <  0.5  +  u)/2  —  5/2 
a  >  0.5  4-  u/2  -  6/2 


(2.51) 


and 

(  Nil  4  w  4  25)  4~  6a  4"  25  a  <  0.5  4"  u>/2  —  u/2 
D(M,  IV)  =  <  (2.52) 

{N{2a  +  36)  4- 6a  4- 25  a  >  0.5  4- w/2  -  5/2 

The  capacity  versus  a  with  u  =  5  =  0  is  plotted  in  Fig.  2.38  for  various  values  of 
N. 

Comments :  (i)  This  access  protocol  provides  low  delay  typical  of  CSMA  at  low 
loads.  In  addition,  a  single  station  may  transmit  any  number  of  packets  consecu¬ 
tively,  as  long  as  no  collisions  occur,  thereby  achieving  a  throughput  close  to  the 
channel  bandwidth.  At  the  same  time,  CSMA-DCR  exhibits  the  advantages  of 
DAMA  schemes  at  high  loads;  the  network  remains  stable  and  the  packet  delay  is 
bounded. 

(ii)  As  a  result  of  the  particular  UBS  configuration  used  in  the  scheme,  simultaneous 
transmissions  by  two  stations  results  in  both  aborting  their  respective  transmissions. 
In  MAP,  which  uses  the  alternative  UBS  configuration,  only  the  rightmost  of  the 
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Fig.  2.38  Network  capacity  versus  a  for  CSMA-DCR  and  Buzznet. 
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two  stations  aborts;  the  leftmost  is  able  to  complete  its  transmission  successfully, 
(iii)  Once  a  collision  occurs  and  DCR  scheduling  is  invoked,  an  idle  station,  if  it 
becomes  backlogged,  must  refrain  from  accessing  the  channel  using  random  access 
mode  as  this  will  disrupt  the  DAMA  scheduling.  Thus,  all  stations,  even  if  idle, 
must  continuously  monitor  the  channel  so  that  they  are  always  aware  of  its  current 
state.  Furthermore,  a  station  that  becomes  backlogged  while  DAMA  scheduling  is  in 
effect  must  wait  for  the  channel  to  revert  to  random  access  mode  before  attempting 
to  transmit. 

2.7.2. 3  Buzznet  (Gerla,  Rodrigues,  Yeh,  1983)  [46] 

The  drawback  of  CSMA-DCR  is  the  requirement  that  T  -f  C  >  2r  A.  This 
requirement  is  necessary  so  that  all  stations  can  identify  a  collision  and  invoke  the 
DAMA  round  robin  scheduling  protocol.  In  Buzznet,  an  out-of-band  buzz  signal 
is  used  to  indicate  the  occurrence  of  a  collision  and  to  synchronize  stations  so  as 
to  invoke  the  round  robin  scheduling  function.  Consequently,  Buzznet  provides 
identical  service  to  CSMA-DCR,  without  the  restriction  on  the  minimum  size  of  a 
packet.  We  now  describe  this  access  protocol. 

Initially,  stations  attempt  to  transmit  using  CSMA  as  the  basic  access  mecha¬ 
nism.  While  this  is  satisfactory  at  light  loads,  collisions  will  occur  for  medium  to 
high  loads.  Suppose  that  some  packet  interferes  with  the  transmission  by  5,-.  S, 
informs  all  other  stations  of  this  collision  by  transmitting  the  buzz  signal  on  both 
channels.  All  stations  detect  this  signal  and  together  they  initialize  the  network 
so  as  to  invoke  the  conflict-free  round  robin  access  mechanism  as  follows.  Suppose 
that  Si  begins  transmitting  the  buzz  signal  at  time  t,-.  When  Sj  detects  this  signal 
at  time  t,  4-  r,j  +  A,  it  too  transmits  the  buzz  signal.  This  “buzz”  from  Sy  reaches 
Si  at  time  f,-f  2r,y-f  A.  Therefore,  to  ensure  that  both  channels  are  being  buzzed  at 
every  point  on  the  network,  and  hence  there  are  no  EOC  events  on  the  channel,  S, 
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must  buzz  both  channels  for  a  period  of  2 t  +  A.  After  this  period,  5,-  transmits  the 
buzz  signal  only  on  bus  A,  deferring  to  transmissions  from  upstream.  Eventually, 
the  leftmost  station  will  be  the  only  one  transmitting.  It  transmits  as  soon  as  it 
senses  both  bus  A  and  bus  B  to  be  idle.  Thereafter,  transmissions  follow  the  rule 
for  U-Net  where  bus  A  is  the  forward  bus. 


As  in  CSMA-DCR,  stations  detect  the  end  of  a  round  when  the  channel  is  idle 
for  a  period  of  at  least  2r  +  A.  At  this  time  stations  revert  to  using  CSMA  as  the 
basic  access  mechanism.  A  time-space  diagram  showing  the  activity  on  the  channel 
in  this  scheme  is  given  in  Fig.  2.39.  The  capacity  and  delay  for  Buzznet  are  given 
by 


^  ^  1  +  to  4-  26  +  (6a  +  26)/N 

D(M,  N)  —  JV(l  -f-  uj  -f-  26)  -f-  6a  +  26 


(2.53) 


Note  that  CSMA-DCR  gives  the  same  performance  as  Buzznet  for  a  <  0.5  +  u/2  — 
6/2  but  for  a  >  0.5  +  w/2  —  6/2  Buzznet  is  superior.  The  capacity  of  Buzznet 
with  u  =  6  =  0  is  plotted  as  a  function  of  a  in  Fig.  2.38,  and  compared  to  that  of 
CSMA-DCR. 


Comments:  (i)  The  implementation  of  this  scheme  must  ensure  that  the  buzz  sig¬ 
nal  is  a  uniquely  identifiable  bit  pattern  or  an  out-of-band  signal.  Depending  on 
the  length  of  this  pattern,  some  time  is  required  to  detect  the  buzz  signal  which 
effectively  increases  the  overhead  incurred  when  the  network  switches  from  random 
access  mode  to  DAMA  mode.  If  the  buzz  signal  is  out-of-band  (either  in  frequency 
or  time),  some  of  the  channel  capacity  is  lost  to  allow  for  this  signal. 

(ii)  Like  CSMA-DCR,  all  stations  are  required  to  continuously  monitor  the  chan¬ 
nel  (even  when  idle)  so  that,  upon  becoming  backlogged,  they  can  use  the  correct 
scheduling  mode:  random  access  or  DAMA. 
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2.8  Summary 


From  the  numerous  implicit-token  DAMA  schemes  that  have  recently  been  pro¬ 
posed,  we  have  identified  three  basic  access  mechanisms  according  to  which  it  has 
been  possible  to  classify  them.  These  are  the  scheduling  delay  access  mechanism, 
the  reservation  access  mechanism,  and  the  attempt- and-defer  access  mechanism.  In 
this  chapter,  we  described  these  access  mechanisms  together  with  the  various  net¬ 
work  configurations  proposed  for  their  implementation.  Then,  for  each  of  the  basic 
access  mechanisms,  we  discussed  those  schemes  belonging  to  that  class. 

With  this  classification,  we  were  able  to  present  the  numerous  network  schemes 
in  a  unified  manner  and  identify  characteristics  by  which  they  may  be  similar  or 
may  differ.  We  have  also  suggested  that  characteristics  of  some  schemes  can  be  seen 
as  variations  or  special  cases  of  another,  and  that  a  feature  proposed  for  one  could, 
in  some  cases,  be  applied  to  another.  These  characteristics  may  be  divided  into 
three  categories  according  to  whether  they  are  (i)  physical  attributes,  (ii)  logical 
attributes,  or  (iii)  performance  factors. 

Typical  physical  attributes  of  concern  to  the  network  designer  would  be  the  num¬ 
ber  and  type  of  channels  required  (unidirectional,  bidirectional,  control- wires),  syn¬ 
chronous  or  asynchronous  operation,  and  the  type  of  tap  required.  Some  schemes, 
notably  those  of  the  scheduling  delay  class,  require  a  single  tap  on  the  bidirectional 
bus.  Others  require,  in  addition,  a  control  wire  with  an  associated  tap  which  is  an 
active  device.  The  unidirectional  schemes  require  separate  receive  and  transmit  taps 
and,  in  some  cases  (e.g.,  Fasnet,  U-Net,  TLP),  two  of  each.  Synchronous  schemes 
(e.g.,  Fasnet)  require  a  common  clock  to  which  all  transceivers  are  synchronized.  - 
Asynchronous  schemes,  on  the  other  hand,  require  a  preamble  preceding  each  trans¬ 
mission  for  receiver  synchronization.  All  of  these  factors  should  be  considered  in 
choosing  a  network  design. 
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"V 

Logical  attributes  of  the  schemes  are  those  characteristics  that  describe  details  of 
the  access  protocol  in  terms  of  information  that  must  be  available  to,  and  functions 
that  must  be  performed  by  the  stations.  These  characteristics  include  the  corre¬ 
spondence  (if  any)  between  the  stations’  logical  and  physical  orders,  which  impacts 
the  flexibility  of  the  scheme  to  topological  changes;  fully  distributed  or  partially 
centralized  access  protocols;  and  pieces  of  information  that  must  be  available  to  the 
network  interface  so  as  to  correctly  compute  timing  intervals  and  correctly  execute 
the  access  protocol.  This  information  consists  of  both  fixed,  network  dependent 
parameters  such  as  r,  A  and  M,  as  well  as  information  that  must  be  extracted  from 
activity  on  the  channel  (such  as  the  index  number  of  the  currently  transmitting 
station  in  schemes  using  the  scheduling  delay  access  mechanism,  or  the  contents  of 
the  AC  field  in  Fasnet).  As  compared  to  a  fully  distributed  protocol,  a  partially 
centralized  one  may  simplify  the  design  of  a  station’s  network  interface  but  it  raises 
concerns  about  reliability.  Additional  logical  attributes'  are  cold  start  procedures, 
procedures  to  recover  from  abnormal  events,  and  procedures  to  keep  all  stations  in 
a  consistent  state  (such  as  when  the  access  method  switches  from  random  access 
mode  to  DAMA  mode  in  CSMA-DCR  and  Buzznet). 

Performance  factors  have  been  expressed  in  terms  of  network  capacity  and  max¬ 
imum  delay.  Both  of  these  parameters  depend  on  the  overhead  incurred  by  the 
access  protocol  between  two  consecutive  transmissions  and  the  overhead  between 
two  consecutive  rounds.  In  some  schemes,  notably  BRAM,  DSMA,  and  UBS-RR, 
the  inter-packet  overhead  increases  linearly  with  increasing  a.  As  a  result,  the  max¬ 
imum  delay  increases  linearly  and  the  capacity  decreases  sharply  with  increasing 
values  of  a  and,  in  this  respect,  these  schemes  are  unsuitable  for  high  bandwidth  - 
applications.  For  the  other  schemes,  the  inter-packet  overhead  depends  not  on  a  but 
only  on  parameters  such  as  S  and  u>*  The  inter- round  overhead  is  less  significant 

*The  preamble  is  not  strictly  independent  of  the  bandwidth  W .  Depending  on  the  implementation, 
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than  the  interpacket  overhead  since,  for  a  reasonably  large  population  size  (which  is 
to  be  expected  in  high  bandwidth  environments),  rounds  consist  of  many  transmis¬ 
sions  and  the  inter-round  overhead  is  incurred  infrequently.  Nevertheless,  for  those 
schemes  which  use  a  reversing  sequential  service  discipline,  such  as  BID  and  U-Net, 
the  implicit  loken  propagates  only  once  across  the  channel  for  every  round.  The 
inter-round  overhead  in  this  case  is  on  the  order  of  a.  For  a  non-reversing  service 
discipline,  the  implicit  token  propagates  back  and  forth  across  the  network  within 
each  round.  In  such  schemes,  as  exemplified  by  Expressnet,  the  inter-round  over¬ 
head  is  2a.  For  schemes  that  require  some  activity  (or  lack  of  it)  to  determine  the 
end  of  a  round,  (e.g.,  the  blocking  signal  in  TLP,  the  buzz  signal  in  Buzznet,  and 
the  2 r  idle  period  in  L-Expressnet  and  the  Control- Wire),  the  inter-round  overhead 
is  somewhat  larger  (3a  ~  6a). 


a  longer  preamble  may  be  required  at  high  bandwidths  than  that  required  at  low  bandwidths. 
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Chapter  3 


Throughput— Delay  Performance  Of 
Expressnet  and  Fasnet 


In  this  chapter,  we  model  Expressnet  and  Fasnet  operating  under  their  various 
service  disciplines  and,  from  the  analysis,  obtain  their  throughput-delay  character¬ 
istics.  From  the  descriptions  of  these  schemes  given  in  chapter  2,  it  is  clear  that 
Expressnet  achieves  the  NGSS  discipline;  Fasnet  achieves  the  HOLS  discipline  if  an 
active/dormant  flag  is  used  to  maintain  fairness  or  else  the  GSS  discipline  if  the 
method  of  gating  is  used  to  maintain  fairness. 

We  note  that  Expressnet  can  be  made  to  operate  in  GSS  mode  merely  by 
having  each  station,  upon  generating  a  packet,  wait  for  the  event  EOT(in)  before 
attempting  to  transmit  that  packet.  Similarly,  one  could  operate  Fasnet  in  NGSS 
mode  by  allowing  each  station,  upon  generating  a  packet  in  a  given  round,  to 
transmit  that  packet  in  the  next  empty  slot  as  long  as  this  station  has  not  yet  seen 
an  empty  slot  go  by  in  the  current  round  and  has  not  yet  transmitted  in  the  current 
round.  Otherwise  it  waits  for  the  SOC.  The  SOC  in  Fasnet  and  the  EOT(in)  in 
Expressnet  are  analogous  events.  In  HOLS  on  the  other  hand,  the  transmission 
of  each  packet  is  synchronized  to  an  event  which  sweeps  the  entire  population  of 
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stations  from  the  most  upstream -to  the  most  downstream.  Thus  only  Fasnet  can 
support  this  discipline. 

In  this  analysis  we  consider  only  fixed  length  packets.  In  Expressnet  however 
the  access  protocol  allows  for  packets  of  any  length.  In  the  most  recent  description 
of  Fasnet  (12],  slots  are  required  to  be  of  a  fixed  length  in  order  to  simplify  the 
hardware  implementation.  Nevertheless,  in  gated  Fasnet,  variable  length  packets 
can  be  accommodated  simply  by  allowing  a  station  to  access  a  number  of  consecutive 
slots.  This  is  feasible  because  downstream  stations  may  only  transmit  after  the 
current  station,  and  will  have  full  knowledge  of  the  slot  usage.  In  non-gated  Fasnet 
only  fixed  length  packets  equal  to  the  size  of  a  slot  can  be  achieved  since  the  order 
of  transmissions  does  not  correspond  to  the  physical  order;  therefore  the  station 
does  not  know  how  many  consecutive  empty  slots  (if  any)  follow  the  one  in  which 
it  begins  to  transmit. 

We  begin  this  chapter  by  describing  the  model  used  in  the  analysis.  Then 
we  present  the  analysis  for  each  of  the  three  service  disciplines.  The  performance 
measures  derived  from  these  analyses  are  the  channel  throughput,  the  expected 
delay  incurred  by  a  packet  and  the  variance  of  this  delay.  Quantitative  numerical 
results  are  presented  after  the  analysis. 


3.1  The  Model 

Consider  a  system  of  M  stations.  Each  station  has  a  single  packet  buffer  and  is 
either  idle  or  backlogged.  An  idle  station  will  generate  a  packet  in  a  random  time 
which  is  exponentially  distributed  with  mean  1/A.  A  backlogged  station  does  not 
generate  any  packets  and  becomes  idle  upon  successful  transmission  of  its  buffer. 
This  model  corresponds  to  the  case  of  interactive  stations,  widely  used  in  the  past  to 
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analyze  slotted  ALOHA,  CSMA  and  other  access  schemes.  The  end-to-end  prop¬ 
agation  delay  of  the  signal  travelling  across  the  network  is  denoted  by  r.  This 
corresponds  to  the  propagation  delay  between  the  extreme  stations  on  one  of  the 
channels  (e.g.,  the  outbound  channel  on  Expressnet  or  channel  A  on  Pasuet).  The 
time  required  to  transmit  a  packet  is  T  =  BJW  where  B  is  the  number  of  bits 
in  a  packet  (assumed  fixed)  excluding  the  preamble  if  any  in  Expressnet  and  the 
AC  field  in  Fasnet,  and  where  W  is  the  bandwidth  of  the  channel.  The  overhead 
before  each  transmission  to  determine  which  station  get3  access  to  the  channel  is 
denoted  by  t0.  In  Fasnet  t0  is  given  by  the  length  of  the  AC  field.  In  Expressnet  t0 
is  given  by  twice  the  carrier  detection  time,  i.e.,  2A.  In  Fasnet,  since  the  system  is 
synchronous,  the  time  required  to  transmit  the  preamble  is  ft  =  0.  In  Expressnet, 
fl  is  non-zero  if  the  system  is  operated  asynchronously.  Thus  to  transmit  a  packet 
of  length  T  requires  a  transmission  period  of  X  =  T  +  ia  +  fl.  The  time  that  the 
channel  becomes  idle  between  rounds  is  the  inter-round  overhead  and  is  denoted  by 
Y.  In  Expressnet  Y  =  2t.*  In  Fasnet  Y  must  be  an  integral  number  of  slots  and  is 
taken  to  be  Y  =  \2rlX~\X  +  X. 

In  the  next  sections  we  present  the  analysis  of  this  model  for  each  of  the  service 
disciplines. 


3.2  Analysis  of  the  Non-Gated  Sequential  Service 
Discipline 

An  analysis  of  a  loop  system  where  stations  are  serviced  in  a  predescribed 
sequence  and.  which  fits  the  NGSS  discipline  of  Expressnet  is  given  by  Kaye  [47] 
based  on  the  work  in  [48].  A  summary  of  this  analysis  is  presented  in  this  section. 

*U  the  topology  of  Expressnet  is  such  that  the  two  extreme  stations  are  collocated  then  the  inter- 
round  gap  Y  is  equal  to  r.  See  [ll] 
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The  probability  that  there  are  n  packet  transmissions  in  a  train,  denoted  by  p„, 


is  given  by  [48] 


=  M  ’ll  ['M,X*Yi  ~  l]  0  <  »  <  M 

\  n  /  J= 0 


where  po  is  determined  by  E£1=o  p»  =  1.  The  probabilities  pn  satisfy  the  following 


recursive  formula 


_Pn_  =  M-n+l  r  Jll-ox+n  _  ,1  (3.2) 

Pn-1  n  1  J 

Based  on  this  distribution,  Kaye  derived  the  distribution  of  waiting  time  w,  defined 
as  the  period  between  the  moment  when  a  packet  is  generated  by  a  station  and 
the  moment  when  its  transmission  commences  [47j.  The  expected  waiting  time  and 
second  moment  of  tv  are  then  derived  to  be  given  by 

H  nP»  cAi(»-i)x+yj  _  j  x 

it — 1 

F  1,-2,  1  £  „„  [(»  -  1)AT  +  Y\f [(»  -  1)X  +  Y  -  2/A]  2 

=  - eA[(»-ifx+r[  1 , - +  J5  l3-4) 

n=x 

where 

M 

n  —  )  '  n.pr».  (3-5) 

«=o 

The  mean  and  variance  of  packet  delay  are  obtained  by  adding  X  to  E[iv\  and  X 2 
to  l£(u>2]  —  (i?(u/j)2  respectively. 

From  the  distribution  {pn},  one  can  also  easily  derive  the  average  network 
throughput  5  for  a  given  value  of  A.  It  is  simply  given  by 


nX  +  Y 
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Note  that  as  A  — ►  oo,  n  —*  M  and  the  throughput  reaches  a  maximum  given  by 
MT/[MX  +  Y). 


3.3  Analysis  of  the  Gated  Sequential  Service  Discipline 


We  present  in  this  section  some  additional  definitions  and  both  a  mean  value 
and  distribution  of  delay  analysis  for  the  GSS  discipline. 

Let  n(t)  denote  the  number  of  backlogged  stations  at  time  t  and  let  t ^  denote 
the  start  of  the  rth  round.  Since  only  those  stations  that  are  backlogged  at 
can  transmit  in  round  r,  the  number  of  transmissions  in  the  Vth  round  is  given  by 
n(tir  - ).  The  number  of  backlogged  stations  at  the  start  of  round  r-f 1  depends  on  the 
length  of  round  r  and  the  arrival  of  packets  during  this  round.  Hence,  the  number 
of  backlogged  stations  at  4r+1\  denoted  by  n(4r+1^),  depends  only  on  n(4^)  and 
the  events  that  occur  during  the  rlh  round.  Thus  r  (E  (-'oo,  oo)}  constitutes 

an  embedded  Markov  process.  So  we  can  use  the  properties  of  Markov  processes  to 
derive  the  analytic  solution  for  the  performance  of  the  system. 


3.3.1  Mean  Value  Analysis 

For  the  mean  value  analysis  the  state  of  the  system  at  an  embedded  point  is 
described  sufficiently  by  the  number  of  stations  that  are  backlogged  at  this  in¬ 
stant.  Consider  two  consecutive  embedded  points  and  f£r+1^.  The  time  interval 
{<ir\<ir+1^J  is  called  a  cycle.  Each  cycle  is  considered  to  be  divided  into  two  sub¬ 
cycles.  The  first  is  that  part  of  the  cycle  where  packets  are  being  transmitted  (i.e. 
the  round).  The  second  is  that  period  which  is  the  inter- round  overhead.  Let  P  be 
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the  transition  matrix  for  the  embedded  Markov  process  The  elements  of  P 

are  denoted  by  p,*  and  are  defined  as 

M  =  Pr{n(i!r+I>)  =  k  |  n((M)  =  (3.7) 

where  n(f[r+1^),  the  state  of  the  system  at  4r+1^,  is  merely  the  number  of  stations 
that  generate  new  packets  during  round  r.  Since  those  stations  that  transmit  during 
the  round  can  only  generate  a  new  packet  after  they  have  transmitted  the  one 
backlogged  from  the  previous  round,  the  probability  of  generating  a  new  packet  is 
not  the  same  for  all  stations.  Therefore,  in  computing  the  transition  probabilities 
Pi*,  we  must  account  for  all  possible  ways  that  k  out  of  M  stations  can  become 
ready.  To  do  this  we  use  a  recursive  approach  by  considering  the  instants  of  time 
that  correspond  to  the  end  of  a  transmission  period. 

Define  the  function  G(n,  m,s)  as  the  probability  that,  in  a  round  of  length  n, 
m  stations  have  generated  new  packets  by  the  end  of  the  sth  transmission  period 
of  that  round.  We  compute  G(n,  m,  s)  in  terms  of  G(n,  mf,  s  -  1)  and  this  we  do 
by  computing  the  probability  that  m  -  m'  new  packets  are  generated  in  the  sth 
transmission  period  out  of  a  possible  M  -  [n  -  s  +  1)  -  m;.  (Since  n  -  s  +  1  stations 
are  still  waiting  to  transmit  in  this  round,  they  cannot  generate  new  packets.) 
Summing  over  all  values  of  m!  gives  G(n,  m,  s)  as  follows. 

C|>,rn,.)=  f;  (M  "  ^t,I) "  m')iW— *’|1  -  KJ0l"-(—+1>-" 

•G(n,  m',s  -  1)  s^O 

(3.8) 

where  p(t)  is  the  probability  of  a  single  station  generating  a  packet  during  an  interval 
t.  Since  inter- arrival  times  are  exponentially  distributed  with  rate  A,  this  is  given 
by 

p(t)  =  1  -  e~xt.  (3.9) 
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At  the  beginning  of  the  round  (s  =  0)  there  must  be  with  probability  1  no  new 
packets  generated  and  so 


G(n,  m,  0) 


m  =  0 
m^O 


(3.10) 


Starting  with  these  initial  conditions,  the  recursion  in  (3.8)  ends  at  G(n,m,n), 
the  probability  that  m  stations  have  generated  new  packets  by  the  end  of  the  first 
sub-cycle. 

Using  (3.8)  and  considering  additional  arrivals  during  the  inter-round  overhead 
period  allows  us  to  compute  the  elements  of  the  transition  matrix  P. 

pa  =  Ec(».y,*')(^j/)p(i’)‘-y(i  (a-”) 

Given  P  we  can  calculate  the  stationary  distribution  of  the  backlog  at  the  embedded 
points  and  the  average  throughput  and  the  average  delay  using  results  from  the 
theory  of  regenerative  processes.  The  stationary  distribution  is  denoted  by  II  = 
(jto  . . .  jta/). 

Average  Throughput:  Since  n(ti^)  is  a  regenerative  process  the  average  chan¬ 
nel  throughput  can  be  computed  as  the  ratio  of  the  expected  time  that  the  channel 
is  busy  in  a  cycle  to  the  expected  length  of  a  cycle  [50],  [49].  Hence  the  expected 
throughput,  denoted  by  5,  is  simply 


5  = 


E^l  i rjTi 

E &,*(.*+ r) 


(3.12) 


Average  Packet  Delay:  Consider  each  station  to  be  a  single  buffer  queueing 
system  with  loss  and  exponential  inter-arrival  times.  The  expected  delay  of  a  packet 
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in  such  a  system  can  be  computed  as  the  difference  between  the  expected  inter¬ 
departure  time  and  the  expected  inter-arrival  time.  Let  s,-  denote  the  expected 
throughput  of  packets  from  station  *.  The  expected  inter-departure  time  from 
station  i  is  simply  1/a,-.  Hence  the  expected  delay  of  a  packet  from  station  »  is 
given  by 

*  -  H  (313) 

Averaging  over  all  the  stations  gives  the  expected  delay  of  a  packet  D  as 


M  s 
.•=1  * 


M  l 
S  A 


(3.14) 


where  we  have  used  the  fact  that  S  =  ai- 

Using  Little’s  result,  the  average  packet  delay  can  also  be  computed  as  the  ratio 
of  the  average  backlog  of  packets  to  the  average  channel  throughput.  This  approach, 
although  significantly  more  involved  than  the  one  above,  is  nevertheless  presented 
below.  We  first  show  how  to  compute  the  average  backlog  B. 

Let  6,(»)  be  the  expected  sum  of  the  backlog  over  a  cycle  given  that  n(t^)  =  i. 
This  can  be  expressed  qualitatively  as 


M 

6,(t)  =  ^2  JS’ftime  in  a  cycle  that  station  has  a  packet  in  its  buffer  |  n(f^)  =  »] 

j=l 


Then  B  is  computed  by  removing  the  condition  on  n(f^)  and  dividing  by  the 
expected  length  of  a  cycle. 

In  order  to  compute  the  contribution  to  the  backlog  of  a  new  arrival  in  an 
interval,  say  of  length  t  seconds,  we  need  to  compute  the  expected  time  of  that 
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arrival.  Denote  the  time  of  this  arrival  by  ta.  Then,  assuming  that  the  arrival 
remains  in  the  backlog  for  the  remainder  of  the  interval  following  its  arrival  time, 
the  contribution  to  the  sum  of  the  backlog  of  that  arrival  is  E[t  -  <„].  We  define 
the  function  u(f)  as  the  value  of  E[t  —  ta ]  corresponding  to  a  given  generation  rate 
A.  That  is 


«(0  =  *  "  E[tm  |  N{t)  #  0]  (3.15) 

where  N(t)  is  the  number  of  arrivals  in  [0,  t]  from  a  Poisson  source  with  rate  A  and 
ta  is  the  time  of  the  first  arrival.  From  the  properties  of  the  Poisson  process  it  is 
straightforward  to  show  that 

E\t.  |  1 m  #  0]  =  i  -  (3.16) 

and  so  u(f)  becomes 

“M  =  ~  \  <317> 

The  packets  that  contribute  to  the  sum  of  the  backlog  can  be  separated  into 
three  groups.  The  first  group  are  those  that  are  transmitted  in  the  current  round. 
The  packet  that  is  transmitted  in  the  jth  transmission  period  of  the  round  con¬ 
tributes  an  amount  jX  to  the  sum  of  the  backlog.  Given  that  there  are  *  back- 
logged  packets  at  the  beginning  of  the  cycle  the  total  contribution  to  the  sum  of 
the  backlog  of  packets  of  type  one  is  simply  jX. 

Packets  of  the  second  group  are  those  that  are  generated  by  a  station  that 
has  completed  a  transmission  in  the  current  round.  Consider  the  station  that  has 
transmitted  in  transmission  period  j.  This  station  will  generate  a  new  packet  in  the 
interval  +jX,  f!r+1,J  with  probability  p(iX  +  Y  -  jX).  Hence  the  contribution 
to  the  expected  sum  of  the  backlog  of  this  packet  is  p(iX  +  Y  -jX)u(iX  +  Y~jX). 
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Packets  of  the  third  group  are  those  that  arrive  to  a  station  that  was  idle  at  the 
beginning  of  the  round.  Such  a  station  can  generate  a  packet  at  any  time  in  the 
cycle.  The  expected  amount  that  such  a  packet  will  contribute  to  the  sum  of  the 
backlog  in  a  round  with  n(4r^)  =  *  is  p(*X  4-  Y)u(iX  4-  Y ). 

Summing  all  the  contributions  from  these  three  groups  gives  the  expected  sum 
of  the  backlog  over  a  cycle  with  n(fi^)  =  t. 


MO  =  (i+l)*/2+ 


£p(fcX  +  y)u(A:X  +  y) 


k=Q 


+(M-»>(»X+r)u(tX+K)  (3.18) 


From  (3.18)  one  can  compute  the  expected  backlog  B.  Dividing  this  by  the 
expression  for  the  expected  throughput  given  in  (3.12)  yields  the  expected  packet 
delay  D. 


D_  E^ofiMO 

Ejioir.iT  * 


(3.19) 


3.3.2  Distribution  of  Delay  Analysis 

We  now  derive  the  distribution  of  packet  delay  in  order  to  compute  the  higher 
order  moments  of  delay.  In  the  distribution  of  delay  analysis  we  select  a  single 
station  and  consider  packets  only  from  this  station.  We  refer  to  this  station  as  the 
tagged  station.  This  approach  will  not  only  yield  an  expression  for  the  distribution 
of  delay  but,  by  tagging  different  stations  on  the  network,  will  enable  us  to  compare 
the  performance  achieved  by  the  different  stations.  From  this  we  can  see  how  a 
station’s  physical  location  on  the  network  can  affect  the  quality  of  the  service  it 
gets  from  the  network. 
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V 

Let  N,  1  <  N  <  M  denote  the  tagged  station.  As  in  the  mean  value  analysis 
we  consider  the  beginning  of  a  cycle  to  constitute  an  embedded  point  defining  an 
embedded  Markov  chain.  However,  in  order  to  completely  describe  the  state  of 
the  system  at  the  embedded  point,  the  state  descriptor  must  contain  information 
about  the  state  of  the  tagged  station,  the  number  of  active  stations  upstream  from 
the  tagged  station  and  the  number  of  active  stations  downstream  from  the  tagged 
station.  Thus  we  describe  the  state  of  the  system  at  the  beginning  of  the  current 
round  by  a  vector  with  three  elements  (5(4^),n«(<ir^),  where  n,(f)  and 

nj(t)  are  the  number  of  active  stations  upstream  and  downstream  from  the  tagged 
station  at  time  t  respectively  and  5(f)  indicates  the  state  of  the  tagged  station  at 
time  f.  5(f)  can  take  on  the  values  0  and  1  denoting  the  tagged  station  to  be  idle 
or  busy  respectively.  n«(f)  and  nj(t )  are  in  the  range  [0,  N  —  1]  and  [0,  M  —  N] 
respectively.  To  simplify  the  notation  for  the  state  descriptor  we  define  $(f)  = 
(5(f),n«(t),nrf(f)). 

We  first  compute  the  transition  matrix  P  for  the  embedded  Markov  process 
S(te^).  We  partition  the  stations  into  three  groups.  The  first  consists  of  those 
stations  on  the  upstream  side  of  the  tagged  station;  the  second  consists  of  those 
stations  on  the  downstream  side  of  the  tagged  station;  the  third  consists  of  the 
tagged  station.  We  compute  the  state  transition  probabilities  by  considering  new 
arrivals  to  the  system  from  each  group  separately.  We  now  present  a  generalized 
form  of  the  recursive  function  that  was  used  in  the  mean  value  analysis.  We  use  this 
generalized  version  to  compute  the  state  transition  probabilities  for  the  upstream 
and  downstream  groups  of  stations. 

Consider  a  sequence  of  z  consecutive  transmissions  by  stations  from  a  single 
group.  Define  the  function  Gz(z,  m,  s  |  y)  to  be  the  probability  that,  in  a  transmis¬ 
sion  sequence  of  length  x,  m  stations  have  generated  new  packets  by  the  end  of  the 
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ath  transmission  period  in  this  sequence  given  that  y  stations  had  already  generated 
new  packets  at  the  beginning  of  the  sequence.  The  subscript  Z  denotes  the  size  of 
the  population  of  stations  of  this  group.  We  can  write  this  function  as 

Gz(x ,  m,  s  |  y)  =  Pr{ni,(<t  +  sX)  =  i-j  +  m|  ng{h)  =  x  +  y) 

where  ng(t )  denotes  the  number  of  stations  from  group  g  that  are  in  the  backlogged 
state  and  tf,  is  the  time  corresponding  to  the  beginning  of  the  first  transmission  in 
the  sequence. 

For  a  >  0  we  can  compute  Gz  recursively  by  considering  the  number  of  new 
arrivals  during  the  slh  transmission  period. 

Gz(x,  m,<|y)»  £  ~  (l  “  *  ^  ”  m’)p(X)”-”'[l  -  p(X))z-<— +1I-” 

m'-y  \  / 

•Gz(x,m'ta  -  1  I  y)  s^O,s<x 

(3.20) 

At  the  beginning  of  the  sequence  there  must  be  exactly  x  +  y  stations  backlogged 
and  so  the  boundary  conditions  on  (3.20)  are  given  by 

f  1  m  =  y 

Gz(*.m,0|y)=  (3.21) 

[0  m  it  y  v  ’ 

Since,  in  a  given  round,  new  arrivals  to  the  system  do  not  affect  the  order  of 
transmissions  in  this  round  and  since  each  station’s  arrival  process  is  independent, 
the  transition  probabilities  over  one  cycle  can  be  computed  as  the  product  of  the 
transition  probabilities  of  each  group  of  stations  over  the  cycle.  Using  equation 
(3.20)  and  conditioning  on  the  size  of  the  backlog  of  the  upstream  and  downstream 
stations  at  the  beginning  and  end  of  their  respective  transmission  sequences  allows 
us  to  compute  the  elements  of  the  transmission  matrix  P.  For  5(t{r^)  =  0  we  get 
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-v 


P(o,.-,y»  v,kj) 

b((i  +  i)x  +  y  ))*  |i  -  p((i  +  i)x + y)\1-* 

•  £  O, v-,(i,  a,*  |  o)  "_l  “  bO'X + y  )]‘-*[i  -  p(jx  +  y)]*-1-* 

*  f  £  £  (M  ~  N  ~  ’)  W^Ol’P  -  p(,x)]"-"-->-»Gw..vO,  h,  j  |  j) 

[h=0  y=0  VS f  / 

•  k)  b(»')S/_*[i  -  jKm"'"*' 

(3.22) 

For  5(t«r^)  =  1  we  get 

P(U/)(/W) 

ip(jX  +  Yf[l-p(jX  +  Y)}l-fi 

.  pGN.,{i,h,i 1 - *jb(0  +  1)X  +  y)]‘-‘ 

•  [1  -  p(0  +  1)X  + 

•  f  £  £  (M '  H  ~  yW + im  -  p«* + ox)]"-"-'-* 

.a= o»=o  \  y  / 

. GU-K(i,h,j  I  y)  /“)b(J')],‘‘|l  -p(y)IM-W-' 

(3.23) 

From  P  we  can  compute  the  stationary  distribution  at  the  embedded  points  IT  = 
(iro  . . .  ir^/). 

Consider  now  an  arbitrary  arrival  to  the  system  in  cycle  r  from  the  tagged 
station.  The  delay  incurred  by  this  packet  consists  of  two  components;  the  delay 
incurred  from  the  instant  of  arrival  until  the  end  of  cycle  r  and  the  delay  incurred 
from  the  beginning  of  round  r  +  1  until  the  end  of  the  transmission  of  this  packet. 
The  distribution  of  delay  is  given  by  the  convolution  of  the  distributions  of  these 
two  components  of  delay. 
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Since  the  arrival  process  is  memoryless  we  recognize  that  the  distribution  of 
delay  of  the  first  component  of  delay  is  given  by  the  distribution  of  delay  of  a 
packet  over  an  interval  [0,  t]  given  that  the  arrival  occurs  in  this  interval  and  that 
the  packet  remains  backlogged  for  the  remainder  of  the  interval.  Let  taf  0  <  ta  <t, 
denote  the  arrival  time  of  the  packet.  Then  the  delay  incurred  by  the  packet  over  the 
interval  [0,  f],  denoted  by  D,  is  D  =  t— ta.  Since  inter- arrival  times  are  exponentially 
distributed  with  mean  1/A  we  can  write 

Pr{*«  <a\ta<t}  =  - — ^-[1  -  e"*°]  or 

l  —  e  A 

Pr{f.  >  a  |  (.  <  1}  =  — -  «-“] 

The  cumulative  distribution  function  of  delay  is  given  by 

Pt{D  <d\t*  <  t)  =  Pr  {<.  >  t  -  d  |  t.  <  1}  =  [ew  -  1) 


Differentiating  with  respect  to  d  gives  the  probability  density  function 

Pdfo(<0  = 


From  this  distribution  function  we  cr.n  compute  the  Laplace  transform  of  the  dis¬ 
tribution  of  delay  of  a  packet  over  the  interval  [0,  t]  given  that  the  packet  arrives  in 
this  interval.  This  distribution  function  denoted  by  £*(t,s)  is 


r(t,s) 


A  e-t-e-* 
A  —  s  1  —  e~*1 


(3.24) 


Given  that  this  arbitrary  arrival  is  in  a  round  with  =  (a,  t,j)  and 

n«(tef+1^)  =  k  then  the  Laplace  transform  of  the  distribution  of  delay  of  the  first 
component  of  packet  delay  is  given  by  £*(jX+Y,  s)  if  a  =  1  or  s)  if 
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a  =  0.  The  second  component  of  delay  is  simply  (A  +  1)X.  The  Laplace  '.ransform 
of  the  distribution  of  the  total  delay  incurred  by  a  packet  arriving  in  such  a  round, 
denoted  by  *,.)(«),  is  given  by  the  product  of  the  transforms  of  the  two 

distributions. 


(  £*((»  +  3)X  +  Y,  s)e~*lk+1)x  <*  =  0 

lnjX  +  y,a)e-(*+1>*  a  =  1 


(3.25) 


The  probability  that  this  arbitrary  packet  arrives  in  a  cycle  with  $(t^)  = 
(a,*,;)  and  n„(fl^)  =  k  is  given  by 

=  pr{S(t(er))  =  (or,*,;),  ntf(f<r+1>)  =  k  j  5(4r+1>)  =  1}  (3.26) 

where  by  conditioning  on  5(f£,+1))  =  1  we  have  conditioned  on  the  event  of  an 
arrival  from  the  tagged  station  in  cycle  r.  Let  Pr{5(fir+1))  -  1}  ~  1/K  then 

„  _  Pr{*(‘b  =  K  •',)),  ».(lSr+,))  =  k,  =  1} 

Pr{«(t<'+‘>)  =  1} - 


=  *-Pr{S((M)  =  (a,i,/),  «.(<<'«>)  =  k,  *((<'♦■>)  =  1} 


M—N 


=  K  £  Pr{5(4r))  =  (a,*,;),  5(fSr+1))  =  (l,M)} 

1=0 

M-N 


(3.27) 


and  the  constant  K  can  be  determined  from 


1  N-IM-N  N-l 

£  £  £  £  ?(a,i',j)(l,Ar,*)  =  1 

o=0  i=0  j=0  Jfc=0 


(3.28) 


Using  (3.27)  to  remove  the  conditions  on  a,  *,  j  and  k  in  (3.25)  we  can  express 
the  Laplace  transform  of  the  distribution  of  delay  of  a  packet  from  the  tagged  station 
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as 


1  N-lM-N  iV-1 

D-(=)  =  £  £  E  £  f(.Afl(iA.)‘‘(.,.-J«u,.)W  (3-29) 

a=0  t=0  j=0  k=0 


By  successive  differentiation  of  (3.29)  and  letting  3=0  one  can  compute  the  mo¬ 
ments  of  delay  to  any  order. 


3.4  Analysis  of  the  Head  of  Line  Service  Discipline 

The  analysis  of  HOLS  consists  of  a  generalization  of  the  analysis  of  GSS.  Here 
too  we  present  a  mean  value  analysis  and  a  distribution  of  delay  analysis.  This 
analysis  for  HOLS  is  exact  for  the  case  Y  <  X  but  becomes  inexact,  and  in  fact 
leads  to  pessimistic  results,  for  the  case  Y  >  X.  In  the  discussion  of  numerical 
results  in  the  following  section,  simulation  is  also  used  for  HOLS  when  Y  >  X. 


3.4.1  Mean  Value  Analysis 

As  in  the  analysis  for  GSS,  we  consider  two  consecutive  embedded  points  and 
t[r+l ^  and  define  the  state  of  the  system  at  the  embedded  points  by  the  number  of 
backlogged  stations  at  that  instant.  Let  P  be  the  transition  matrix  for  the  embedded 
Markov  process  n(fl^).  For  the  HOLS  discipline,  the  number  of  transmissions  in 
cycle  r  may  be  greater  than  n(fi^).  In  order  to  compute  the  elements  of  P  we 
condition  on  the  number  of  transmissions  in  the  first  sub-cycle. 

Pit  =  £Pr{n(f<'+‘>)  =  *  I  £  =  I.  n(|M)  =  <}  Pr{£  =  l  \  =  .}  (3.30) 

/=. 


118 


where  L  is  a  random  variable  denoting  the  number  of  transmissions  in  the  round. 
Note  that  by  conditioning  on  L  we  have  removed  the  dependency  of  n(f£r+1^)  on 
that  is 

Pr{n(f<'+‘>)  =  k  |  L  =  i,  n((H)  =  .}  =  Pr{n(t*'+1>)  =  k  \  L  =  (>• 

Let  =  Pr{£  =  l  |  n(('r))  =  i)  and  <#,(*)  =  Pr{n(f['+1>)  =  k  |  L  =  I). 
Instead  of  enumerating  all  possible  events  over  the  cycle,  we  use  recursive  functions 
in  order  to  compute  0,(1)  and  Consider  a  round  of  L  transmissions  and  the 

transmission  period  which  is  s  transmission  periods  from  the  end  of  the  round. 
Define  the  function  F(m,  a)  as  the  probability  of  m  given  stations  each  generating 
a  packet  in  the  next  s  transmissions.  F(m,  a)  can  be  computed  recursively  in  terms 
of  F(m  -  j,s  -  1)  and  the  probability  that  there  are  j  arrivals  during  transmission 
period  s.  This  gives 

FK  a)  =  E  (’")p(X),|l  -  p(X)r-->F(m  -  a  -  X)  (3.31) 

y=o  \ j  / 

where  p[X),  the  probability  that  an  idle  station  generates  a  packet  within  a  trans¬ 
mission  period,  has  been  defined  in  equation  (3.9).  In  the  case  s  >  0,  the  number 

* 

of  backlogged  stations  must  be  at  least  one  to  ensure  that  a  packet  transmission 
occurs  in  the  next  transmission  period  and,  since  there  are  exactly  s  transmissions 
left  in  the  sub-cycle,  there  can  therefore  be  no  more  than  s  —  1  new  packets  gen¬ 
erated  in  transmission  period  s.  Thus  F(m,  s)  =  0  for  m  >  s,  s  ^  0.  At  the  end 
of  the  sub-cycle,  i.e.,  s  =  0,  no  more  packets  will  be  generated  in  this  sub-cycle 
with  probability  one.  Hence  F(0,0)  =  1.  Starting  with  these  boundary  conditions, 
0,(/)  can  be  computed  as  (^*)/,(/  —  *,/)  times  the  probability  that  M  —  l  stations 
do  nothing  in  the  sub-cycle.  Note  that  in  the  case  where  all  stations  are  idle  at 
the  beginning  of  the  round  (n(t^)  =  0)  then  the  channel  remains  idle  until  the 
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slot  immediately  after  some  station  generates  a  packet.  Since  there  can  be  multiple 
arrivals  during  the  last  idle  slot,  the  case  n(t£r^)  =  0  can  be  computed  as  a  convex 
combination  of  all  the  cases  n(t^)  >  0.  Thus  0,(/)  can  be  expressed  as 

[1  -  f((  -  i,  0  o  <  i  <  M 

m  =  I  «  (^)pW|i  -  p{X)\“->\  .  <3-32> 

J,- i-H-ffl"  m  1  =  0 

Having  conditioned  on  the  length  of  the  round,  we  can  compute  <fu(k)  using 
a  similar  (and  simpler)  recursive  function  to  the  one  used  in  the  GSS  -nalvsis. 
Consider  the  sth  transmission  period  in  a  given  round  as  counted  from  the  beginning 
of  the  round.  Define  the  function  G(m,  s)  as  the  probability  that,  out  of  the  s 
stations  that  transmitted  in  the  previous  s  transmission  periods,  m  of  them  have 
generated  new  packets.  For  HOLS  only  those  stations  that  have  transmitted  in  the 
previous  a  —  1  transmission  periods  could  have  generated  packets  to  transmit  in  the 
next  round;  we  do  not  need  to  consider  any  arrivals  from  a  station  that  has  not  yet 
transmitted  in  the  current  round.  G(m,  a)  can  be  computed  recursively  in  terms  of 
G(j,s  —  1)  and  the  probability  of  m  —  j  new  arrivals  in  the  sth  transmission  period. 
We  express  G(m,  s )  as 

aim,  s)  =  f;  (3  -  ‘"’I  W*)P-''[1  -  pwr*— G«,.  -  1)  (3.33) 

i=o  \  m  j  / 

where  the  boundary  conditions  are  G(m,  a)  =  0  for  m  >  a  since  a  station  can  have 
at  most  one  packet  in  its  buffer  waiting  to  be  transmitted  and  the  last  station  to 
transmit  could  not  have  generated  a  new  one,  and  G( 0, 1)  =  1  since  the  number 
of  new  packets  generated  after  the  first  transmission  in  the  round  is  zero  with 
probability  one.  <f>i{k)  is  given  by 

hw  =  Ec(j.o("r/)w»r)i*_,'[»  -  (3-34) 
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where  the  term  p(l'’)*“',(l-p(y’)]JV/-*  accounts  for  the  probability  that  k-j  stations 
generate  packets  during  the  second  sub-cycle.  Note  that  this  assumes  that  any 
packets  generated  during  the  second  sub-cycle  remain  backlogged  until  the  next 
cycle.  Although  this  assumption  is  exact  when  Y  <  X,  it  becomes  inexact  when 
Y  >  X  since,  in  the  latter  case,  it  may  be  possible  for  a  non-dormant  station  to 
both  generate  and  transmit  a  packet  during  the  second  sub-cycle.  This  analysis 
leads  to  pessimistic  results  when  Y  >  X . 

The  elements  of  P  are  now  computed  as 


nk  =  E  «.(<) *(*)• 

Given  P  we  can  calculate  the  stationary  distribution  of  the  backlog  at  the  embedded 
points  and  the  average  throughput  and  average  delay  using  results  from  the  theory 
of  regenerative  processes  as  in  the  mean  value  analysis  of  the  GSS  discipline. 

Average  Throughput:  The  average  channel  throughput  S  is  computed  as  the 
ratio  of  the  expected  time  in  a  cycle  that  the  channel  is  carrying  packets  to  the 
expected  length  of  a  cycle.  The  expected  number  of  transmissions  in  a  cycle  is 
given  by 

£  =  Z>.  E  9,(l)l.  (3.35) 

(=0  i=majc(l,t) 

Hence  the  throughput  is  given  by 


S  = 


LT 


*oXf{l  -c~mxx)  +  LX+Y 


(3.36) 


where  the  term  X/{\  —  e  MA*)  is  the  expected  length  of  the  idle  time  in  a  cycle 
where  n(f!r^)  =  0. 
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Average  Packet  Delay:  As  in  the  analysis  of  GSS,  the  average  delay  of  a  packet 
is  given  by 

<3-37> 

where  S  is  given  by  equation  (3.36)  above.  Alternatively,  the  average  delay  can  be 
computed  from  the  average  backlog  and  the  average  throughput  by  using  Little’s 
result. 

The  packets  that  contribute  to  the  sum  of  the  backlog  can  be  separated  into 
three  groups.  The  first  group  is  those  packets  that  are  transmitted  during  the 
current  round.  Packets  of  this  group  are  those  that  are  backlogged  at  t{r '  and  all 
the  ones  that  subsequently  arrive  to  idle  stations  that  have  not  yet  transmitted  in 
this  round.  The  expected  sum  of  the  backlog  due  to  packets  in  this  group  depends  on 
what  time  during  the  cycle  these  new  arrivals  take  place.  It  is  extremely  tedious, 
if  not  impossible  to  enumerate  every  possible  combination  of  events.  Instead  we 
again  resort  to  a  recursive  approach  in  order  to  compute  the  expected  sum  of  the 
backlog  due  to  these  packets. 

Define  the  function  H (m,  s)  as  the  expected  sum  of  the  backlog  over  the  remain¬ 
ing  s  transmission  periods  of  the  first  sub-cycle  given  that  there  are  m  non-dormant 
stations  currently  backlogged.  Note  that  s  represents  the  maximum  number  of  re¬ 
maining  transmission  periods.  If  there  are  no  more  backlogged  stations  (m  =  0), 
then  the  sub-cycle  comes  to  an  end.  Thus  we  require  that 

H(0,  s)  =  0  (3.38) 

For  the  case  m  >  0  however,  the  sub-cycle  does  not  end  with  the  current  transmis¬ 
sion  period  and  H (m,  s)  is  computed  as  the  backlog  over  this  transmission  period 
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and  the  remaining  a  —  1  transmission  periods.  So 


i-i 

£T(m,  s)  =  mX  +  £  #*«»•(»)  [(«  -  m  +  l)upQ  +  1 ?(n,  a  -  1)]  (3.39) 

n=m— 1 

where  is  the  probability  that  n-m+1  new  arrivals  occurred  out  of  a  possible 

a  —  m  and  is  given  by 

Mm.(n)  =  („  1“  "  1)|p(^)l”'m+,[l  -  pm]--1  (3.40) 

The  expected  sum  of  the  backlog,  conditioned  on  n(t^)  =  t,  due  to  packets  of  the 
first  group  is  simply  given  by 

Packets  from  the  second  group  are  those  that  are  generated  by  a  dormant  station 
and  hence  only  transmitted  in  the  round  following  the  current  one.  The  contribution 
to  6,(t)  of  any  dormant  station  is  the  expected  length  of  time  from  the  instant  that 
the  new  packet  is  generated  to  the  end  of  the  cycle  multiplied  by  the  probability 
that  a  packet  is  generated  by  this  station.  Consider  the  jlh  station  to  transmit 
in  a  round  of  length  L.  This  station  will  generate  a  new  packet  in  the  interval 
+  jX,tir+l^}  with  probability  p((£  -  j)X  +  Y).  Hence  the  contribution  to  the 
expected  sum  of  the  backlog  of  this  packet,  conditioned  on  the  length  of  a  round, 
is  p((L  -  j)X  +  Y)u\{L  -  j)X  +  Y\.  Summing  contributions  from  all  such  packets 
and  removing  the  condition  on  the  length  of  the  round  gives  the  expected  sum  of 
the  backlog  due  to  packets  from  the  second  group. 

Packets  of  the  third  group  are  those  that  arrive  to  an  active  station  and  are 
transmitted  in  round  following  the  current  one.  This  group  includes  only  packets 
generated  in  the  inter-round  overhead  period.  Given  that  the  round  is  of  length  L, 
there  are  M—L  stations  that  can  contribute  a  packet  to  this  group.  The  contribution 
of  each  of  these  to  the  expected  sum  of  the  backlog  is  p(Y)u(Y).  Summing  these 
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contributions  and  removing  the  condition  on  the  length  of  the  round  gives  the 
expected  sum  of  the  backlog  due  to  packets  from  the  third  group. 

For  a  cycle  with  n(fi^)  =  0,  the  round  starts  at  the  beginning  of  the  first  slot 
after  the  first  arrival.  In  this  case  b,(0)  can  be  expressed  in  terms  of  6,(t),  t  >  0,  by 
adding  the  additional  contribution  to  the  backlog  of  those  arrivals  in  the  last  idle 
slot.  Hence  b,(i)  is  given  by 


MO  = 


B(i,  M)  +  £  *,(/)  E  p(JX  +  Y)u(jX  +  Y)  +  E  »<(0(M  -  ‘)r(YMY) 

1=1  ;V0  |=x 

1  <  i  <  M 


«  (")p(xy'!i-p(X)]"-»r.  _  , 

£  r-iri-^r— + W1 


i  =  0 


(3.41) 


From  equation  (3.41)  we  can  calculate  the  expected  backlog  as 


M 

£*.mo 

_ «=0 _ 

x0X/{l-c-M*x)  +  LX+Y 


(3.42) 


From  B  and  the  expression  for  the  throughput  given  (3.36),  the  average  packet 
delay  D  is  expressed  as 


M 

E  ».*.(•) 

O  --=  ,^r=  -  ■  (3.43) 


3.4.2  Distribution  of  Delay  Analysis 

In  the  GSS  analysis  we  considered  a  single  station  to  be  tagged  and  then  con¬ 
sidered  packets  from  this  station.  To  compute  the  transition  probabilities  of  the 
embedded  Markov  process,  we  divided  the  stations  into  three  groups  and  calculated 
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the  transition  probabilities  of  each  group  independently.  This  was  possible  since  the 
transmissions  of  the  stations  in  each  group  are  contiguous  due  to  the  predetermined 
order  in  which  the  stations  are  allowed  to  transmit  in  GSS.  For  HOLS,  the  order 
of  transmissions  varies  according  to  the  arrival  pattern  of  packets  to  the  stations. 
Therefore  we  are  unable  to  use  this  approach  to  compute  the  distribution  of  delay 
in  the  general  case  without  resorting  to  an  extremely  cumbersome  state  descriptor. 
However,  if  we  consider  that  the  tagged  station  is  either  the  most  upstream  station 
(station  1)  or  the  most  downstream  station  (station  M),  the  size  of  one  of  the  three 
groups  is  always  zero  and  the  analysis  becomes  more  easily  manageable.  In  this 
section  we  present  the  analysis  for  the  case  where  one  of  the  end  stations  is  the 
tagged  one. 

The  Markov  process  that  we  are  now  required  to  analyze  is  sufficiently  described 
by  the  number  of  stations  in  each  group  at  the  embedded  points.  We  define  the 
state  descriptor  as  $(f^)  =  (5(f^),  n(tir^))  where  5(1^)  denotes  the  state  of  the 
tagged  station  and  n(t^)  is  the  number  of  backlogged  stations  excluding  the  tagged 
one.  In  order  to  compute  the  transition  matrix  P,  we  condition  on  both  the  number 
of  transmissions  in  a  round  and  the  transmission  period  in  which  the  tagged  station 
transmits.  The  elements  of  P  are  given  by 

»>(., Oh,*)  =  E  £  Pr{S(flr+")  =  (7,*)  I  L  =  I,  TP,  =  y,  S(«M)  =  (a,  0} 

l=a+i  y-0 

.Pr{£  =  l,  rP,  =  y|S((W)  =  (a,.')} 

(3.-14) 

where  L  is  a  random  variable  denoting  the  number  of  transmissions  in  the  current 
round  and  TPi  is  a  random  variable  denoting  the  transmission  period,  counted  from 
the  beginning  of  the  round,  in  which  the  tagged  station  transmits  a  packet.  We 
adopt  the  convention  TP<  =  0  to  indicate  that  the  tagged  station  does  not  transmit 
in  the  current  round.  Note  that  conditioning  on  L  and  TPt  removes  the  dependency 
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of  $(<Ir+1))  on  $(<!r)).  Thus 


Pr{$(4r+1))  =  (7,  *)  !  L  =  /,  TPt  =  y,  S(«M)  =  (a,  t)} 

=  Pr{$(t^)  =  ('1}k)\L^l,  TPt  =  y} 

(3.45) 

Let  0(a,,-)(J,y)  =  Pr{£  =  /,  TPt  =  y  j  $(*ir))  =  (a,i)}  and  ^(7,*)  = 
Pr{5(<ir+l^)  =  (7,k)  \  L  =  l,  TPt  =  y }.  0  and  <f>  are  now  computed  using  recursive 
functions  in  a  similar  way  to  that  used  in  the  mean  value  analysis  of  HOLS.  In  order 
to  compute  9  we  must  distinguish  which  station  is  tagged. 

Most  upstream  station  tagged:  Consider  a  round  of  length  L.  For  the  trans¬ 
mission  period  that  is  s  transmission  periods  away  from  the  end  of  the  round  where 
0  <  a  <  L,  define  the  function  /(*,  m,  s)  as  the  joint  probability  of  the  tagged 
station  transmiting  in  the  xlh  transmission  period  from  the  end  of  the  round  (i.e. 
arriving  in  transmission  period  x  +  1)  and  m  given  stations  excluding  the  tagged 
station  each  generating  a  packet  in  the  next  3  transmissions.  Since  x  is  counted 
from  the  end  of  the  round  and  TPt  is  counted  from  the  beginning  of  the  round  we 
have  the  relationship 


TPt  =  L-x+  1. 

For  the  case  s  =  0  we  must  have 

/(i,0,0)  =  1  and 

/(x,m,0)  =  0  for  m  >  0 


(3.46) 


(3.47) 


since,  when  the  sub-cycle  has  ended,  there  must  be  with  probability  one  no  back- 
logged  stations.  For  the  case  s^Owe  already  have  at  least  one  backlogged  station 
(otherwise  the  sub-cycle  would  end  which  implies  that  s  =  0)  and  thus  cannot  allow 
more  than  s  —  1  of  the  remaining  stations  to  generate  new  packets.  This  requires 
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/(z,  m,  s)  =  0 


for  m  >  3,  a  <  z,  s  t£0 
or  m  >  a  —  1,  s  >'  z 


(3.48) 


The  distinction  between  the  case  a  <  x  and  a  >  z  is  made  because  the  number  of 
given  stations  m  does  not  include  the  tagged  one.  For  the  case  where  m  <  a,  a  < 
z,  a  7^  0  or  m  <  a  —  1,  a  >  z,  /(z,  m,  a)  can  be  computed  recursively  in  terms  of 
/(z,m',a  —  1)  by  considering  the  number  of  new  packets  that  are  generated  in  the 
next  transmission  period.  Ignoring  the  tagged  station  we  can  have  up  to  m  new 


arrivals. 


/(x,m,  s)  = 


j-0  w  / 


x,m-j,3~  1) 


m<a,  3<x,  ajto  or  m<3  —  l,a>z 

otherwise 

(3.49) 


0(a  ,)(/,  y)  is  computed  as  the  product  of  /(/— y+1,  l—i—ct,  /),  the  number  of  ways 
of  choosing  /— t— 1  stations  out  of  a  possible  M— »  — 1  (since  t  stations  and  the  tagged 
station  are  already  given)  and  the  probability  that  the  remaining  M  —  l  stations  do 
not  generate  any  packets  for  the  duration  of  the  sub-cycle.  In  addition  there  are 

9 

special  cases  that  must  be  accounted  for.  In  the  case  a  =  1  and  y  /  1,  y)  =  0 

since,  if  station  1  is  backlogged  at  t{r\  it  will  transmit  in  the  first  transmission  period 
of  the  round  with  probability  one.  Similarly  0(O ,)(/,  1)  =  0,  t  ^  0  since  station  I 
cannot  transmit  in  the  first  transmission  period  if  it  is  idle  and  other  stations  are 
active  at  the  beginning  of  the  round.  In  the  case  where  all  stations  are  idle  at  the 
beginning  of  the  round  (S(ti^)  =  (0,0))  then  the  channel  remains  idle  until  some 
station  generates  a  packet.  Transmissions  then  begin  at  the  beginning  of  the  next 
slot.  In  this  case  we  can  consider  the  round  to  be  one  with  S(fir^)  =  (or,*)  with 
probability  l  ■>  irrriml” - if  a  =  1  or  '■■■'  -  a  a  =  0. 
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That  is,  the  case  a  =  i  =  0  is  a  convex  combination  of  all  the  cases  a  +  i  £  0.  Thus 
*(oaM  is  Siven  by 


8{a,i)(hy) 


0 

y  =  1,  a  =  0,  i  ^  0 

or  y  5^  1,  a  =  1,  V» 

[1  -  P(IX)\M-'  “J  ~  *)/(/  +  1,1- 0 

y  =  0,  a  =  0, »  ^  0 

[1  -  P(IX)\M-'  /(I  -  y  +  1,1  -  <  -  M) 

y  =  1,  or  =  1,  V* 

[l  -  P(1X)1"-'  -  p((y  -  2)X)]p(X) 

y  >  1,  or  =  0,  t^0 

•/(l  —  y  +  i,i  —  *  — 1,0 

^  ("-‘)fWm+in  -Kxr— 

l-[l-p(X)]«  J) 

1  -  (1  -  p(X)|" 

Vy,  a  =  0,  »  =  0 

a  +  i  <  l  <  M 


0  <  y  <  / 


(3.50) 


Most  downstream  station  tagged:  Consider  a  sub-cycle  of  length  L  =  l  where 
station  M  transmits  in  transmission  period  TPt  =  y  >  0.  That  part  of  the  sub-cycle 
up  to  and  including  transmission  period  y  is  of  length  L\  =  y  and  that  part  which  is 
after  transmission  period  y  is  of  length  L2  =  l  —  y-  With  these  definitions  y) 

can  be  expressed  as 

», „., •)(!.»)  =  =  ».£>=»  -  V  I  S(l<r>)  =  (a,.)} 

=  Pr{L,  =  y  |  S((W)  =  (a,.')}  Pr{Ij  =  1-y  |  L,  =  y,  S(t<r>)  =  (a,.)}- 

(3.51) 

We  note  that  since  station  M,  when  active  and  backlogged,  defers  its  transmission 
to  all  other  active  backlogged  stations,  it  will  transmit  only  when  no  other  station 
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is  waiting  to  do  so.  Therefore  we  can  compute  Pr{Li  =  y  |  $(t^)  =  (at,  t)}  from 
F(y  —  1  —  t,  y  —  1)  where  F(m,  s)  is  the  recursive  function  given  in  equation  (3.31), 
by  considering  only  the  M  —  1  non-tagged  stations.  Hence 


Pr{I1  =  y|5(^)  =  (a,*)} 

=  W(»  -  1)X)1‘-“[1  -  p({y  - 

(3.52) 

where  the  term  [p((y  -  lJX)]1"®  is  the  probability  that  station  M  is  ready  with 
a  packet  to  transmit  at  the  beginning  of  transmission  period  y  and  the  term  [1  — 
p((y  -  l)X)]M~y  is  the  probability  that  none  of  the  M  —  y  other  stations  generate 
any  packets  in  the  first  y  -  1  transmission  periods  in  the  round. 

Obviously  any  station  that  transmits  after  station  M  has  had  its  turn  must 
have  generated  its  packet  either  during  or  after  the  transmission  of  station  Af. 
Thus  by  conditioning  on  the  number  of  stations  that  become  backlogged  during  this 
transmission  period  we  can  use  the  same  recursive  function  to  compute  Pr{i2  = 
l  -  y\  Ly  =  y,  =  (<»,•)}  as 


Pr{Z2  =  I  -  y  |  Z,  =  y,  =  {a, .)}  =  |1  -  p((l  -  y  +  1)X)]"-' 

y)  E  ('  -  p(X)|'-»-”>F(;  -y-m,l-y) 

(3.53) 

By  substituting  equations  (3.52)  and  (3.53)  into  (3.51)  we  can  compute  y) 
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as 


*(«,»•)(*>  y) 


0  <  y  <  t,  Va,  *  >  0 
y  =  0,  a  =  1,  V» 

y  —  0,  a  =  0,  » >  0 


[1  -  p(IX)l"-' ‘)f(/  y  =  0,  o  =  0,  .  >  0 

[i  -  p((jr)|M-'[i  -  p((y  -  ("_"/)  F(y  -  i  -  I,y  -  U 

•  tp((v  -  £  ('  Z: *)pW[1  -  p(X)}'-*-"F(l  -y  -  m,  I  -  ») 

m=0  v  m  / 


("r'Vw^'d  -  pW]"-*£  „  , 

S  l-[l-p(X)]«  "■i,C 

+  £ [  l-[l-p(X)j^  0(°’‘)(’y) 


y  >  t,  a  +  t  0 


Vy,  a  =  0,  t  =  0 


(3.54) 


A  recursive  approach  is  also  used  to  compute  <f>.  Note  that,  although 
depends  on  the  length  of  the  round  and  the  transmission  period  in  which  the  tagged 
station  transmits,  it  does  not  depend  on  which  station  is  tagged.  Consider  a  round 
of  length  L  and  the  sth  transmission  period  in  this  round  where  1  <  s  <  L.  Define 
the  function  g(x,m,s)  as  the  probability  that  out  of  s  stations  that  transmitted 
in  the  previous  s  transmission  periods,  m  of  them,  excluding  the  tagged  station, 
generated  new  packets  during  these  s  transmissions  given  that  the  tagged  station 
transmitted  in  the  xth  transmission  period  in  the  round.  Note  that  for  this  function, 
s  and  x  are  measured  from  the  beginning  of  the  round. 


For  any  s  >  0  there  are  s  dormant  stations  and  at  most  s  —  1  of  them  can  have 
new  packets  in  their  buffer  since  the  station  that  has  just  completed  its  transmis¬ 
sion  could  not  have  generated  a  new  packet  instantaneously.  If  the  tagged  station 
has  transmitted  in  transmission  period  y  where  y  <  s  then  at  most  s  —  2  of  the 
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non-tagged  stations  could  have  new  packets  in  each  of  their  single  buffers.  Hence 
<j(z,  m,  s)  must  satisfy 

g(x ,  m,  s)  =  0  if  m  >  s,  Vs  or  if  m  >  s  —  1,  s  >  x  (3.55) 


For  s=l  the  number  of  dormant  stations  that  are  backlogged  must  be  zero  with 
probability  one  by  the  same  argument.  Thus 

g{x,  0,1)  =  1  Vz.  (3.56) 


For  s  >  1  with  m<3orm<3'-l,  s  >  z,  g(x ,  m,s)  can  be  computed  recursively 
in  terms  of  g(x,  m',  s  —  1)  by  considering  the  new  arrivals  to  dormant  stations  in  the 
transmission  period  a.  We  distinguish  two  cases:  Either  s  <  x  in  which  case  there 
are  m  —  m'  dormant  stations  out  of  a  possible  3  —  1  —  m'  that  generate  new  packets 
in  transmission  period  s  or  a  >  z,  in  which  case  there  are  m-m'  dormant  stations 
out  of  a  possible  s  —  2  —  m'  that  generate  new  packets  in  transmission  period  s. 
This  gives 

‘ 1 7  W)— y[»  -  nOM-’—rtx.i,*  - 1)  *<* 

~ 2  yWr-'ii  -  p(i)rj-mj(i,;,s- 1)  >  >  i 

m-j  ) 

(3.57) 


4>(l,y)(l>  k)  is  now  computed  from  g(x,  m,s)  and  the  probability  of  some  arrivals 
during  the  inter-round  gap 


M—k—’f 


E  g(i + 1,  r  y)(i>(n]‘-y+i(i  -  ptm 

•  Ip((I  -  y)X  +  r)p|l  -  p((l  -  y)X  +  y)]1-’ 

•  E  ?(».;.  0  (M - J)  wy)]*-#|i  -  P(Y)}M-'-1 


y  =  o 

y/0 

(3.58) 
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The  elements  of  P  can  be  computed  directly  from  0  and  <f>.  From  P  we  can  calculate 
the  stationary  distribution  IT. 


In  order  to  compute  the  distribution  of  delay  for  a  packet  from  the  tagged 
station  we  consider  an  arbitrary  arrival  to  the  system  from  this  station  in  a  given 
cycle.  This  arrival  can  be  categorized  into  one  of  four  types,  each  with  a  relatively 
simple  distribution  of  delay.  The  Laplace  transform  of  the  distribution  of  delay 
of  a  packet  of  type  v,  1  <  v  <  4,  which  is  generated  in  round  r  where  S(ti^)  = 
(or,*),  5(*ir+1))  =  (7 »*),  L  =  l  and  TPt  =  y,  is  denoted  by  d\a})^tk)l,y(s)-  This  is 
derived  for  each  packet  type. 

Packets  of  type  1  are  those  that  are  generated  by  the  tagged  station  during  the 
first  sub-cycle  in  a  cycle  where  station  1  has  not  yet  transmitted.  Suppose  that  the 
tagged  station  transmits  in  transmission  period  TPt.  In  the  case  where  station  1 
is  the  tagged  station  this  packet  must  have  been  generated  in  transmission  period 
TPt  —  1.  In  the  case  where  station  M  is  the  tagged  station,  this  packet  must  have 
been  generated  at  some  time  during  the  previous  TPt  —  1  transmission  periods.  The 
distribution  of  delay  of  such  a  packet  is  given  by 


j*0)  (s)  _ 


r(X,3)e~'x 
.T((y-1  )X,s)e-x 


station  1  tagged 
station  M  tagged 


(3.59) 


Packets  of  type  2  are  those  that  arrive  during  sub-cycle  2  (i.e.,  the  inter-round 
gap).  The  delay  incurred  by  this  packet  consists  of  two  parts.  The  first  part  is 
the  delay  incurred  until  the  beginning  of  the  next  cycle,  the  distribution  of  which 
is  given  by  £*(Y}  s);  the  second  part  is  the  delay  incurred  in  the  next  round  while 
the  tagged  station  waits  for  a  turn  to  transmit.  The  distribution  of  this  delay, 
conditioned  on  5(<ir+1^)  =  (1, A:)  is  given  by  conditioning  on  L  and  TPt  in  the 
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(r  -f  1)*‘  round,  as 


E  E  *(!,*)(''.  vV',X-  (3-60) 

/'=Jt+ly'  =  l 

Since  the  total  delay  of  a  packet  of  this  type  is  the  sum  of  two  independent  random 
variables,  the  distribution  of  delay  in  the  Laplace  domain  is  given  by  the  product 
of  the  distributions  of  each  part.  Hence 


d*(  2) 

a(o,  i  )(l,k)l,y 


(s)  =  nr,s) 


E  E*( 


(3.61) 


Note  that  for  the  case  where  station  1  is  the  tagged  station,  y')  =  0  for 

y'  ^  1  and  so  equation  (3.61)  reduces  to  k)l  j,(s)  ~  €*(Y,  s)e~'x. 

Packets  of  type  3  are  the  packets  that  are  generated  when  the  tagged  station 
is  dormant,  that  is,  after  the  tagged  station  has  already  transmitted  in  the  current 
round.  Given  that  the  packet  is  generated  in  round  r  then  the  delay  incurred 
in  this  round,  conditioned  on  £  =  I  and  TPt  =  y  has  a  distribution  given  by 
£*{{l-y)X+Y,  a)  and  the  delay  incurred  in  round  (r+1)  conditioned  on  n,(tir+1^)  = 
k  has  a  distribution  given  by  the  expression  in  (3.60).  Hence  the  distribution  of 
delay  for  a  packet  of  type  3,  given  by  the  product  of  these  distributions,  is 


d*(3) 

dK0b,*)< 


£-((l-y)X+Y,s)  £ 

/'=*+!/  =  ! 


(3.62) 


Packets  of  type  4  distinguish  the  special  case  where  the  system  is  idle  at  the 
beginning  of  the  round.  Packets  of  this  type  are  those  that  are  generated  by  the 
tagged  station  in  a  round  where  S(t[r^)  =  (0,0)  and  are  transmitted  in  the  first  sub¬ 
cycle  of  this  cycle.  In  the  case  where  station  1  is  the  tagged  station,  this  packet  will 
be  transmitted  in  the  slot  immediately  following  the  one  in  which  it  was  generated 
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and  therefore  is  indistinguishable  from  a  packet  of  type  1;  however,  in  the  case 
where  station  M  is  tagged,  the  distribution  of  delay  of  this  packet  must  take  into 
account  the  idle  slot  immediately  preceding  the  first  transmission  of  the  round,  in 
which  the  packet  could  have  been  generated.  The  distribution  of  delay  of  a  packet 
of  type  4  is 


d'(*) 


(s)  = 


£t{X>s)e~,x 

r(yX,s)e-* 


station  1  tagged 
station  M  tagged 


(3.63) 


Let  denote  the  probability  that  an  arbitrary  arrival  from  the  tagged 

station  is  in  a  cycle  with  $(t^)  =  (a,  i),  5(tir+1^)  =  (7,  k),  L  —  l,  TPt  =  y  and  is 
of  type  v.  jt) ;  y  is  also  the  fraction  of  packets  which  are  of  type  v  and  arrive 

in  such  a  round.  We  now  show  how  to  derive  f  and  then  use  this  to  compute  the 
distribution  of  delay  for  a  packet  from  the  tagged  station  by  removing  the  conditions 
on  the  expressions  given  in  equations  (3.59)  through  (3.63)  for  the  distribution  of 
delay. 

In  order  to  compute  we  first  der*ve  Pr{S(f£r*)  =  (a,»),  S(t!r+1*)  = 

(7,  A:),  L  —  l,  TPt  =  y)  as  follows 

Pr{S{«<r>)  =  (a,0,  S(t<'+l>)  =  fr,fc),  1  =  1,  TP,  =  y} 

=  Pr{i(lM)  =  (a,.)}  Pr{J(4'+1>)  =  (7,t),  £  =  /,  TP,  =  y  |  $(!«)  =  (o,0) 

=  Pr{$(!<r|)  =  (or, «)>  Pr{£  =  (,  TP,  =  y  |  S(< M)  =  (a,.)} 

•  Pr{$(4'+1>)  =  (-,,*)  |  L  =  f,  TP,  =  y) 

(3.64) 

In  an  arbitrary  cycle,  a  packet  of  type  v,  1  <  v  <  4,  is  generated  by  the  tagged 
station  if  and  only  if  this  cycle  meets  certain  conditions.  A  packet  of  type  1  is 
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generated  if  5 (t^)  =  0,  »(4r))  >  0  and  TPt  >  0.  A  packet  of  type  2  is  generated  if 
=  0,  n(tlr))  >  0,  5(t(/+1))  =  1  and  TPt  =  0.  A  packet  of  type  3  is  generated 
if  TPt  >  0  and  <5(flr+1))  =  1.  A  packet  of  type  4  is  generated  if  $(4r))  =  (0,0)  and 
TPt  >  0.  For  any  other  conditions  no  packets  are  generated  by  the  tagged  station. 
Consider  now  a  large  number  of  cycles  with  5(fir^)  =  (or,  *)>  $(*ef+^)  =  (7>  *)>  L  — 
lf  TPt  =  y.  Suppose  that  there  are  2  such  cycles.  In  the  limit  as  2  — *  oo,  the 
number  of  packets  of  type  v  is  given  by  2  times  the  probability  that  the  tagged 
station  generates  a  packet  of  type  v  in  a  cycle.  This  probability  is  given  by 

v  =  1,»  >  0,y  >  0 


Pr{Tagged  station  generates  tt(0>, ) ^(0,,) (/ ,  0) ^(, ,0)  ( 1 » *) 

a  packet  of  type  v}  =  „  „  w  „  , 


v  =  l,*>0,y>0 
v  =  2, »'  >  0 


at  u  «  j  w ^  v  j  , 

«■(«,.•  )*(a,#)(j|  k)  V  =  3,  y  >  0, 

*(0,0)  Vo) (*>  k)  V  =  4,  y  >  0 

(3.65) 

The  probability  that  an  arbitrary  arrival  is  of  type  v  is  given  by  the  ratio  of  the 
number  of  packets  generated  by  the  tagged  station  which  are  of  type  v  divided  by 
the  total  number  of  packets  generated  by  the  tagged  station.  Hence  f  is  given  by 
A>(0,0*(0,,)(/, y)0(/t,)(7, *)  v  =  1, or  =  0, *  >  0,  y  >  0 

'^jr(o,»)^(o,«)(^i 0)^(1, o)0> k)  v  =  2,  a  =  0, 7  =  1,  t  >  0,  y  =  0 

^Q,i)h,k),l,y  =  '  k )  v  =  3,  y  >  0, 7  =  1 

v  =  4, a  =  0,i  =  0,y  >  0 


otherwise 


where  if  is  a  constant  such  that 


4  1  M- 1  1  M-\  M  l  .  , 

EEEEE  E  E  =  * 

o=l  o=0  «=0  "7=0  fc=0  /=majc(l,a+«)  y=0 


(3.66) 


(3.67) 


From  f  and  the  equations  for  the  delay  given  in  (3.59)  through  (3.63),  it  is 
straightforward  to  compute  the  Laplace  transform  of  the  distribution  of  delay  for  a 
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packet  generated  by  the  tagged  station.  Denoting  this  distribution  by  Z?*(s)  we  get 
4  l  M—i  l  M- 1  M  i 

d’W-EE  E  E  E  EE 

v=l  a=0  »= 0  7=0  k=0  l=a+i  y=0 

By  successive  differentiation  of  (3.68)  and  letting  s  =  0,  one  can  compute  the 
moments  of  delay  to  any  order. 


3.5  Numerical  Results 

We  discuss  in  this  section  numerical  results  showing  the  performance  of  Express- 
net  and  Fasnet  operating  under  the  three  service  disciplines.  Although  the  emphasis 
is  to  show  Expressnet  operating  under  the  NGSS  discipline  and  Fasnet  operating 
under  the  GSS  and  HOLS  disciplines,  we  also  present  some  representative  figures 
showing  Expressnet  operating  under  GSS  and  Fasnet  operating  under  NGSS.  Recall 
that  only  Fasnet  can  support  the  HOLS  service  discipline.  Let  a  =  r/T.  The  unit 
of  time  is  taken  to  be  the  transmission  time  of  a  packet  (i.e.,  T  —  1).  In  both  Ex¬ 
pressnet  and  Fasnet  we  neglect  the  inter-packet  overhead  t0  since  this  is  assumed  to 
be  small  compared  to  the  length  of  the  packet.  The  inter-round  overhead  Y  is  then 
taken  to  be  2 a  for  Expressnet  and  |"2a]  +  1  for  Fasnet.  The  performance  of  these 
networks  for  various  values  of  a  and  Af  is  presented  in  terms  of  the  throughput  as  a 
function  of  the  generation  rate  of  packets  and  the  throughput-delay  trade-off.  These 
results  show  that  all  three  service  disciplines  exhibit  similar  performance  character¬ 
istics.  This  is  to  be  expected  since  they  are  merely  variations  of  a  basic  round  robin 
algorithm.  However  there  are  interesting  differences  which  we  will  highlight  in  the 
discussion.  All  numerical  results  are  obtained  from  analysis  with  the  exception  of 
HOLS  when  Y  >  1,  in  which  case  simulation  is  used.  The  reason  is  that,  as  pointed 
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out  in  section  4,  the  analysis  for  HOLS  gives  pessimistic  results  when  Y  >  1.  In 
most  of  the  results  shown  below,  the  preamble  in  Expressnet  has  been  assumed  to 
be  negligible  except  for  certain  figures  where  its  effect  is  explicitly  shown. 

In  Figs.  3.1,  3.2  and  3.3  we  show  the  behavior  of  the  throughput  5  as  a  function 
of  the  aggregate  generation  rate  JldTA  for  a  =  1.0  and  10,  and  M  =  20,  30  and 
50,  for  NGSS  in  Expressnet,  and  GSS  and  HOLS  in  Fasnet.  MX  is  the  rate  at 
which  packets  would  be  presented  to  the  system  if  all  stations  were  in  the  idle  state. 
The  curves  show  that  5  increases  steadily  as  MX  increases  from  zero  until  some 
finite  value  of  MX  (in  the  vicinity  of  one),  and  remains  practically  constant  as  MX 
increases  further.  This  shows  that  the  system  remains  stable  as  the  load  increases 
to  infinity.  (Contrast  this  to  CSMA/CD  where  stability  can  only  be  achieved  by 
using  some  form  of  dynamic  control  or  a  long  rescheduling  delay  leading  to  a  high 
packet  delay  [51].)  For  HOLS  with  a  =  10,  the  curves,  which  were  obtained  by 
simulation,  exhibit  a  slight  hump  before  S  levels  off  to  its  constant  value.  This 
occurs  since,  at  the  generation  rate  corresponding  to  the  hump  in  S,  all  stations  are 
on  the  average  transmitting  in  every  round,  but  some  stations  happen  to  generate 
and  transmit  their  packets  during  the  inter-round  overhead;  this  results  in  a  lower 
effective  overhead  and  hence  higher  throughput  than  expected.  As  mentioned  at 
the  beginning  of  this  chapter,  it  is  possible  to  operate  Expressnet  under  the  GSS 
discipline  and  Fasnet  under  the  NGSS  dir  -'pline. 

In  order  to  show  the  effect  of  the  service  discipline  on  the  channel  throughput, 
we  plot  in  Fig.  3.4  for  Expressnet  and  in  Fig.  3.5  for  Fasnet  S  vs.  MX  for  each 
of  these  two  service  disciplines.  Note  how,  as  a  result  of  gating  (i.e.,  the  delaying 
of  packets  until  the  round  following  the  one  in  which  they  were  generated),  the 
throughput  achieved  by  GSS  is  always  less  than  or  equal  to  that  achieved  by  NGSS. 

In  Fig.  3.6  we  show  on  a  single  sheet  for  comparison  purposes,  S  vs.  MX  for 
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Fig.  3.1  Channel  throughput  as  a  function  of  the  generation  rate  MAT  for  NGSS 
operating  in  Expressnet. 
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Fig.  3.2  Channel  throughput  as  a  function  of  the  generation  rate  M\T  for  GSS 
operating  in  Fasnet. 
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Throughput 


Fig.  3.3  Channel  throughput  as  a  function  of  the  generation  rate  MAT  for  HOLS 
operating  in  Fasnet.  The  curves  for  a  =  10  were  obtained  by  simulation. 
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Fig.  3.4  Channel  throughput  as  a  function  of  the  generation  rate  MXT  showing 
the  difference  between  NGSS  and  GSS  operating  in  Expressnet. 


Fig.  3.5  Channel  throughput  as  a  function  of  the  generation  rate  MAT  showing 
the  difference  between  NGSS  and  GSS  operating  i  Fasnet. 
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Fig.  3.6  Channel  throughput  as  a  function  of  the  generation  rate  MXT  comparing 
NGSS  in  Expressnet,  GSS  in  Fasnet  and  HOLS  in  Fasnet.  The  curves 
showing  HOLS  with  a  =  10  were  obtained  by  simulation. 
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the  three  service  disciplines.  As  the  network  reaches  saturation,  S  approaches  a 
finite  value,  given  by  MT /MX  +  Y  independent  of  the  service  discipline,  which 
corresponds  to  the  value  of  the  channel  utilization  C(M,N)  computed  in  chapter  2. 
We  call  this  vr.lue  of  the  channel  utilization  the  network  capacity.  For  NGSS  and 
GSS  the  network  capacity  represents  the  maximum  channel  utilization.  For  HOLS, 
the  maximum  channel  utilization  is  slightly  higher  than  the  network  capacity  for 
the  reasons  discussed  above.  The  difference  between  the  network  capacity  for  NGSS 
and  that  for  GSS  and  HOLS  seen  in  Fig.  3.6  is  a  result  of  the  different  values  of  Y 
in  Expressnet  and  Fasnet  for  the  same  value  of  o  (2o  and  [2o]  +  1,  respectively); 
recall  that  the  preamble  Cl  is  assumed  here  to  be  zero. 

The  relationship  between  5  and  average  delay  D  normalized  to  T  for  a  =  0.1, 
1.0  and  10,  and  M  =  20,  30  and  50  is  shown  in  Fig.  3.7  for  NGSS  in  Expressnet, 
Fig.  3.8  for  GSS  in  Fasnet,  and  in  Fig.  3.9  for  HOLS  in  Fasnet.  We  see  that,  for 
a  given  5,  D  is  fairly  insensitive  to  M  as  long  as  M  is  large  enough  so  that  this 
value  of  S  can  be  achieved.  We  also  see  that  the  normalized,  average  delay  increases 
as  a  gets  larger.  However  if  a  (=  rW/B)  has  become  larger  because  the  channel 
bandwidth  W  has  increased  or  the  packet  size  B  has  decreased,  meaning  that  T 
(=  B/W )  has  decreased,  then  the  actual  delay  is  smaller  than  that  obtained  with 
small  o;  the  packet  transmission  time  has  decreased  thus  reducing  the  size  of  a  slot 
and  the  length  of  a  round.*  On  the  other  hand,  if  a  has  become  larger  because 
the  size  of  the  network  has  increased,  meaning  that  T  has  not  changed,  then  the 
actual  delay  will  have  increased  as  represented  by  the  normalized  delay.  Although 

•This  can  be  exemplified  with  a  special  case.  Consider  a  saturated  system  (A  — »  oo)  with  M  stations 
and  inter-round  overhead  Y.  Suppose  that,  for  a  given  bandwidth,  the  transmission  time  is  T.  The 
overhead  t0  +  fi  is  assumed  to  be  negligible.  In  this  case  the  actual  delay  is  D  =  MT  4-  Y  and  the 
normalized  delay  ( D/T )  =  M  +  Y/T.  Suppose  now  that  the  bandwidth  of  the  system  is  increased 
meaning  that  a  increases  and  T  decreases.  Let  this  new  value  of  the  transmission  time  be  T'  where 
V  <  T.  In  this  case  the  normalized  packet  delay  (D'/T1)  is  given  by  (D1  /T')  =  M+Y /V  >  (D/T); 
i.e.,  the  normalized  delay  has  increased.  The  actual  delay,  however,  is  D'  —  MT'  +  Y  <  D;  i.e., 
the  actual  delay  has  decreased. 
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Normalized  Average  Delay 


Fig.  3.7  Average  delay  normalized  by  the  packet  transmission  time  T  versus  the 
channel  throughput  for  NGSS  in  Expressnet. 
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Normalized  Average  Delay 


Fig.  3.9 


e 


the  performance  trends  for  all  three  disciplines  are  similar,  the  results  do  show 
some  differences.  These  are  highlighted  in  Figs.  3.10  and  3.11.  We  plot  on  a  single 
sheet  the  throughput-delay  trade-off  for  each  of  the  three  disciplines  for  o  =  0.1 
in  Fig.  3.10,  and  for  a  =  1.0  and  10  in  Fig.  3.11.  In  particular  one  should  note 
that,  for  large  a  (a  =  10),  HOLS  achieves  substantially  lower  delay  than  the  other 
two  schemes  as  long  as  the  throughput  is  not  close  to  saturation.  This  is  due  to 
the  fact  that  in  HOLS,  having  generated  a  packet,  a  non-dormant  station  transmits 
this  packet  in  the  next  available  slot  regardless  of  when  the  start  of  cycle  appears. 
In  particular,  at  S  =  0,  D  will  be  equal  to  1.5 T  since  a  station  can  transmit  its 
packet  in  the  slot  immediately  following  the  one  in  which  it  was  generated,  instead 
of  incurring  on  the  average  a  delay  of  aT  while  waiting  for  the  SOC  as  in  GSS,  or  the 
locomotive  as  in  NGSS.  If  a  is  made  large  because  W  is  increased  then  T  decreases 
and  so,  in  absolute  terms,  the  delay  aT  remains  constant  and  equal  to  r.  Also  in 
Fig.  3.10  is  plotted  the  relationship  between  S  and  D  for  CSMA/CD.*  As  with 
Expressnet,  we  assume  that  the  preamble  for  CSMA/CD  is  negligible.  This  figure 
shows  how  favorably  the  delay  performance  of  the  round  robin  schemes  compares  to 
that  of  CSMA/CD.  No  throughput-delay  curves  are  plotted  for  CSMA  in  Fig.  3.11 

since  for  a  =  1.0  and  10  this  access  scheme  achieves  a  very  small  network  capacity. 

* 

Operating  Expressnet  in  GSS  mode  results  in  a  throughput-delay  trade-off  sim¬ 
ilar  to  that  of  GSS  in  Fasnet.  However,  for  GSS  in  Expressnet,  there  is  a  small 
improvement  in  the  throughput-delay  characteristics  as  compared  to  GSS  in  Fas¬ 
net,  since  in  Expressnet  the  inter-round  overhead  is  smaller  than  that  of  Fasnet 
for  a  given  o.  We  show  in  Fig.  3.12  the  average  packet  delay  as  a  function  of  the 
throughput  for  both  Expressnet  and  Fasnet  operating  under  the  GSS  discipline.  On 
the  other  hand,  one  may  operate  Fasnet  under  the  NGSS  discipline  and  achieve  a 
throughput-delay  trade-off  similar  to  that  shown  in  Fig.  3.7  for  NGSS  in  Expressnet. 
‘The  CSMA/CD  scheme  considered  here  fa  the  slotted  non-persistent  version  analysed  in  [9j. 
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Normalized  Average  Delay 


Fig.  3.10  Average  delay  normalized  by  the  packet  transmission  time  T  versus  the 
channel  throughput  with  a  —  0.1,  comparing  NGSS,  GSS,  HOLS  and 
CSMA/CD. 
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Fig.  3.11  Average  delay  normalized  by  the  packet  transmission  time  T  versus  the 
channel  throughput  with  o  =  1.0  and  10  comparing  NGSS,  GSS  and 
HOLS.  The  curves  for  HOLS  with  a  =  10  were  obtained  by  simulation. 
All  the  other  curves  were  obtained  from  the  analysis. 
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Fig.  3.12  Average  delay  normalized  by  the  packet  transmission  time  T  versus  the 
channel  throughput  for  GSS  in  Expressnet  as  compared  to  GSS  in  Fasnet. 


In  this  case  however,  there  is  a  slight  degradation  in  the  throughput-delay  charac¬ 
teristics  as  compared  with  NGSS  in  Expressnot  as  shown  in  Fig.  3.13  where  we 
plot  the  average  packet  delay  as  a  function  of  the  channel  throughput  for  both 
Expressnet  and  Fasnet  operating  under  the  NGSS  discipline. 

The  average  packet  delay  (normalized  to  T)  versus  S  for  NGSS  in  Expressnet, 
in  the  case  where  the  preamble  is  not  negligible,  is  plotted  in  Fig.  3.14  for  o  =  1 
and  10  and  M  =  50.  As  expected,  the  delay  for  a  given  5  increases  as  the  length 
of  the  preamble  increases. 

The  results  presented  above  were  obtained  from  the  mean  value  analysis  and 
represent  the  average  performance  over  all  stations.  For  Expressnet  with  the  NGSS 
discipline,  service  is  offered  to  each  station  when  it  sees  the  EOT  (either  on  the 
outbound  or  inbound  channel).  Therefore  the  EOT  can  be  viewed  as  an  implicit 
token  passed  from  each  station  to  the  next  in  sequence.  Due  to  the  symmetry  of 
this  organization,  the  system  is  fair  and  all  stations  achieve  the  same  performance. 
In  GSS  and  HOLS  on  the  other  hand,  the  synchronizing  event  is  the  beginning 
of  a  slot  which  always  sweeps  the  channel  from  the  most  upstream  station  to  the 
most  downstream  station.  As  will  be  seen  in  the  results  discussed  below,  this  mode 
of  operation  favors  the  upstream  stations  by  giving  channel  access  to  the  most 
upstream  of  all  the  stations  contending  for  a  given  slot.  In  the  distribution  of  delay 
ana  us  of  GSS  and  HOLS  we  derived  the  performance  achieved  by  each  station. 
This  enables  us  to  determine  the  extent  to  which  this  performance  is  affected  by 
the  station’s  location  on  the  network. 

First  we  consider  GSS.  In  Figs.  3.15,  3.16  and  3.17  we  show  M  times  the  through¬ 
put  achieved  by  the  most  upstream  station  and  the  most  downstream  station  as  a 
function  of  MX,  for  various  values  of  M  and  o.  We  refer  to  these  two  stations  as 
station  1  and  station  M  respectively.  The  curves  show  that  initially,  S  increases  as 
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Fig.  3.13  Average  delay  normalized  by  the  packet  transmission  time  T  versus  the 
channel  throughput  for  NGSS  in  Fasnet  as  compared  to  NGSS  in  Ex- 
pressnet. 
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Fig.  3.14  Average  delay  normalized  by  T  versus  the  channel  throughput  showing 
the  effect  of  the  preamble  on  the  throughput-delay  performance  of  NGSS 
in  Expressnet. 
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Fig.  3.15  Throughput  multiplied  by  M  versus  the  generation  rate  MAT  for  GSS 
in  Fasnet  as  achieved  by  the  most  upstream  station  and  the  most  down¬ 
stream  station  for  a  =  0.1. 
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Fig.  3.17  Throughput  multiplied  by  M  versus  the  generation  rate  MXT  for  GSS 
in  Fasnet  as  achieved  by  the  most  upstream  station  and  the  most  down¬ 
stream  station  for  a  =  10. 
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MX  increases  from  zero.  At  low  loads  there  are  long  idle  periods  between  packet 
generations,  rounds  are  short,  and  the  throughput  achieved  by  each  station  is  not 
sensitive  to  its  position  on  the  network.  As  the  network  capacity  is  approached, 
we  see  that  station  1  achieves  a  significantly  higher  throughput  than  station  M. 
This  occurs  since  in  any  given  round,  station  1,  having  transmitted  its  packet  at 
the  beginning  of  the  round,  has  the  remainder  of  that  round  in  which  to  generate 
a  new  packet  before  the  next  SOC.  Station  M  on  the  other  hand,  having  transmit¬ 
ted  at  the  end  of  the  round,  has  only  the  inter-round  overhead  period  before  the 
next  SOC  in  which  to  generate  its  new  packet  and  thus  is  less  likely  to  be  ready  at 
the  beginning  of  the  next  cycle.  As  M  increases  the  difference  in  S  between  these 
two  stations  increases.  For  large  values  of  a  this  difference  is  not  as  pronounced 
as  for  small  a  due  to  the  fact  that  the  inter-round  overhead  becomes  the  dominant 
factor  affecting  the  performance  results  and  its  effect  is  the  same  on  all  stations. 
Finally,  as  MX  -*  oo,  station  M  will  generate  a  new  packet  during  the  inter-round 
gap  with  probability  1  assuming  that  a  >  0;  hence  station  1  and  station  M  will 
achieve  the  same  throughput  which  is  given  by  the  network  capacity  divided  by 
M.  In  the  limiting  case  where  a  =  0,  station  M,  having  transmitted  at  the  end  of 
a  given  round,  will  be  ready  at  the  beginning  of  the  next  round  with  probability 
0;  in  particular,  at  X  =  oo,  station  M  will  transmit  once  in  every  two  rounds  and 
achieve  a  throughput  of  only  half  that  achieved  by  the  other  stations.  The  through¬ 
put  achieved  by  any  of  the  other  stations  lies  within  the  bounds  of  station  1  and 
station  M.  In  fact,  any  given  station  will  achieve  a  throughput  which  is  greater 
than  any  station  downstream  from  it  and  less  than  any  station  upstream  from  it. 
The  throughput  times  M  for  each  station  in  a  network  with  o  =  1.0  and  M  =  10  is 
shown  in  Fig.  3.18.  Recall  that  each  station  has  only  a  single  buffer.  If  however,  a 
multiple  packet  buffer  is  provided  then  a  station  could  generate  additional  packets 
for  transmission  before  transmitting  the  one  at  the  front  of  the  queue.  This  would 
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Fig.  3.18  Throughput  multiplied  by  M  versus  the  generation  rate  M\T  for  GSS 
in  Fasnet  with  o  =  1  and  M  =  10  as  achieved  by  each  station  on  the 
network. 
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reduce  the  extent  of  the  unfairness  suffered  by  those  stations  on  the  downstream 
side  of  the  network.  In  the  limiting  case  where  each  station  had  an  infinite  buffer, 
all  of  the  stations  would  achieve  the  same  throughput  assuming  that  they  were  all 
generating  packets  at  the  same  rate. 

For  the  HOLS  discipline,  the  throughput  is  plotted  as  a  function  of  MX  for 
various  values  of  a  and  M  in  Figs.  3.10,  3.20  and  3.21,  and  exhibits  the  same 
characteristics  as  for  GSS.  Note  that  for  HOLS  there  is  not  as  much  of  a  discrepancy 
in  the  service  achieved  by  the  individual  stations. 

It  is  important  to  point  out  that  for  Fasnet,  there  are  two  separate  channels  on 
which  stations  can  transmit  data.  In  the  analysis  we  consider  only  one  of  these  and, 
in  addition,  we  assume  that  all  stations  are  generating  packets  for  this  channel  at 
the  same  rate.  In  actual  fact  the  downstream  stations  on  a  given  channel  will  most 
probably  require  a  lower  throughput  on  this  channel  than  the  upstream  ones  since 
they  will  be  transmitting  mostly  on  the  other  channel.  In  fact,  the  most  downstream 
station  on  a  given  channel  will  not  transmit  any  packets  on  that  channel  since  there 
is  nobody  further  downstream  to  receive  it. 

The  difference  in  average  delay  between  the  most  upstream  and  the  most  down¬ 
stream  stations  in  Fasnet  is  shown  for  GSS  in  Fig.  3.22,  and  for  HOLS  in  Fig.  3.23. 
Since  in  a  given  round  station  1  is  serviced  before  station  M,  it  achieves  a  lower 
delay  for  a  given  5.  It  is  interesting  to  note  that  in  GSS  the  delay  of  station  1  is 
bounded  from  above  by  the  maximum  length  of  a  cycle  which  is  MX  4-  Y .  For 
station  M  the  delay  is  bounded  by  twice  the  maximum  length  of  a  round  plus  :>a 
inter-round  overhead  period,  that  is  (2 M  —  1)X  +  K  (the  value  given  in  chapter  2for 
the  bound  on  the  packet  delay  in  Fasnet),  even  though  at  saturation  (A  — ♦  oo)  the 
delay  will  be  MX  +  Y.  In  HOLS  and  also  NGSS  the  delay  of  a  packet  from  any 
station  is  always  bounded  by  MT  4-  Y.  If  Expressnet  were  to  be  operated  under 
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Fig.  3.19  Throughput  multiplied  by  M  versus  the  generation  rate  A fXT  for  HOLS 
in  Fasnet  as  achieved  by  the  most  upstream  station  and  the  most  down¬ 
stream  station  for  a  =  0.1. 
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Fig.  3.20  Throughput  multiplied  by  Af  versus  the  generation  rate  Af  XT  for  HOLS 
in  Fasnet  as  achieved  by  the  most  upstream  station  and  the  mr  st  down¬ 
stream  station  for  a  =  1.0. 
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Fig.  3.21  Throughput  multiplied  by  M  versus  the  generation  rate  MAT  for  HOLS 
in  Fasnet  as  achieved  by  the  most  upstream  station  and  the  most  down¬ 
stream  station  for  a  =  10.  These  curves  were  obtained  by  simulation. 
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Fig.  3.22  Normalized  average  delay  versus  the  throughput  for  GSS  in  Fasnet  as 
achieved  by  the  most  upstream  station  and  the  most  downstream  station. 


a  =  10  a  =  1.0 


Fig.  3.23  Normalized  average  delay  versus  throughput  for  HOLS  in  Fasnet  as  is 
achieved  by  the  most  upstream  station  and  the  most  downstream  station. 
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the  GSS  discipline  then,  in  this  system  too,  the  average  delay  achieved  by  any  sta¬ 
tion  would  be  dependent  on  that  station’s  location  on  the  network.  There  would 
however  be  a  slight  improvement  in  the  overall  throughput-delay  characteristics  as 
compared  to  the  throughput-delay  characteristics  achieved  in  Fasnet  under  GSS, 
due  to  the  smaller  inter-round  overhead  for  a  given  a  in  Expressnet.  In  Fig.  3.24 
we  plot  the  throughput-delay  trade-off  as  achieved  by  station  1  and  station  M  in 
both  Expressnet  and  Fasnet  operating  under  the  GSS  discipline,  which  shows  the 
similarity  of  their  characteristics. 

Finally,  we  examine  the  variance  of  delay.  The  relationship  between  the  variance 
and  the  throughput  for  each  of  the  three  service  disciplines  is  shown  in  Figs.  3.25, 
3.26,  and  3.27  for  a  =  1.0  and  10  and  for  various  vaiue3  of  M.  For  GSS  and  HOLS 
we  show  the  variance  of  delay  versus  S  as  achieved  by  station  1  and  station  M. 
Since  for  NGSS  all  stations  achieve  the  same  performance,  we  show  the  variance 
versus  S  as  achieved  by  any  station  on  the  network.  For  S  =  0  the  variance  is  non¬ 
zero  due  to  the  randomness  between  the  time  of  arrival  of  a  packet  and  the  time  at 
which  the  station  may  transmit  this  packet.  Depending  on  the  service  discipline, 
the  time  at  which  a  station  may  transmit  may  be  after  the  next  locomotive  or  after 

the  next  SOC  in  the  case  of  NGSS  or  GSS,  or  at  the  beginning  of  the  next  slot  in 

* 

the  case  of  HOLS.  This  implies  that,  for  large  o,  the  variance  for  HOLS  at  low  S  is 
lower  than  for  GSS  and  for  NGSS  since  the  randomness  in  the  packet  delay  in  this 
case  is  associated  with  the  time  of  arrival  taking  place  within  a  slot  which  is  shorter 
than  the  period  separating  two  consecutive  locomotives  or  SOCs.  As  A  — ♦  oo,  the 
variance  drops  to  zero  since  at  each  station,  a  new  packet  is  generated  as  soon  as 
the  previous  one  is  transmitted,  all  rounds  are  of  full  length  and  the  packet  delay 
is  deterministic  and  equal  to  MX  4 ■  Y.  It  is  interesting  to  note  that  the  variance 
incurred  is  highest  for  5  close  to  the  network  capacity  while  the  variance  is  zero 
at  the  network  capacity.  The  coefficient  of  variation  of  delay  as  a  function  of  the 
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Fig.  3.24  Comparison  of  the  throughput-delay  characteristics  as  achieved  by  the 
most  upstream  station  and  the  most  downstream  station  in  both  Ex- 
pressnet  and  Fasnet  operating  under  the  GSS  discipline. 
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Fig.  3.26  Variance  of  delay  versus  throughput  for  GSS  in  Fasnet.  The  variance  as 
achieved  by  the  most  upstream  station  and  the  most  downstream  station 
is  shown  for  each  of  the  values  of  a  and  M. 


Variance  of  Delay 


Fig,  3.27  Variance  of  delay  versus  throughput  for  HOLS  in  Fasnet.  The  variance 
as  achieved  by  the  most  upstream  station  and  the  most  downstream 
station  is  shown  for  each  of  the  values  of  a  and  M.  The  curves  shown 
for  a  =  10  were  obtained  by  simulation. 
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throughput  in  shown  for  each  of  the  three  service  disciplines  in  Figs.  3.28,  3.29, 
and  3.30  for  a  =  1.0  and  various  values  of  M.  We  noted  that,  for  all  the  cases 
examined,  the  coefficient  of  variation  for  GSS  and  NGSS  is  always  less  than  one 
while  for  HOLS  it  may  be  greater  than  1. 


3.6  Summary 

The  three  service  disciplines  that  were  identified  in  chapter  2,  Non-Gated  Se¬ 
quential  Service,  Gated  Sequential  Service  and  Head  Of  Line  Service,  were  analyzed 
for  two  schemes,  Expressnet  and  Fasnet.  From  the  analyses  of  these  service  dis¬ 
ciplines  numerical  results  were  computed.  We  showed  that  these  systems,  unlike 
random  access  techniques,  can  achieve  a  channel  utilization  close  to  100  percent  even 
when  the  channel  bandwidth  is  high  or  the  propagation  delay  of  the  signal  over  the 
network  is  large.  In  addition,  the  network  remains  stable  as  the  load  increases 
to  infinity  without  the  need  for  any  dynamic  control  of  the  access  protocol.  The 
throughput  delay  characteristics  are  excellent  and  the  maximum  delay  is  bounded 
from  above  by  a  finite  value  which  is  easily  computed.  As  the  throughput  ap¬ 
proaches  the  network  capacity  the  variance  of  delay  reaches  a  peak  and  then  drops 
to  zero.  At  network  capacity  the  system  becomes  deterministic  with  all  stations 
transmitting  in  every  round. 

Finally,  we  noted  that  all  three  service  disciplines  exhibit  similar  performance 
characteristics.  However,  in  GSS  and  HOLS  there  is  an  element  of  unfairness  which 
favors  some  stations  over  others  depending  on  their  location  on  the  network,  while 
for  NGSS  the  access  protocol  is  completely  fair  with  all  stations  achieving  the  same 
performance. 
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Fig.  3.28  Coefficient  of  variation  of  delay  versus  throughput  for  NGSS  in  Express- 
net  with  a  =  1.0.  The  curves  shown  are  for  the  variance  as  achieved  by 
any  station  on  the  network. 
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Coefficient  of  Variation  of  Delay 


Fig.  3.29  Coefficient  of  variation  of  delay  versus  throughput  for  GSS  in  Fasnet 
with  a  =  1.0.  The  variance  as  achieved  by  the  most  upstream  station 
and  the  most  downstream  station  is  shown  for  each  of  the  values  of  M . 
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Fig.  3.30  Coefficient  of  variation  of  delay  versus  throughput  for  HOLS  in  Fasnet 
with  a  =  1.0.  The  variance  as  achieved  by  the  most  upstream  station 
and  the  most  downstream  station  is  shown  for  each  of  the  values  of  M. 
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Chapter  4 


Integrated  Voice  and  Data  Networks 


In  this  chapter  we  explore  the  characteristics  of  an  integrated  voice  and  data 
access  protocol  for  Expressnet.  We  first  describe  in  sections  4.1  to  4.3  the  method 
by  which  voice  and  data  are  combined  on  Expressnet.  In  section  4.4  we  give  some 
notations  and  definitions  followed  in  sections  4.5  and  4.6  by  the  analysis.  The 
analysis  of  the  deterministic  system,  i.e.,  one  with  no  silence  suppression,  is  given 
in  section  4.5  and  the  analysis  of  the  stochastic  system  is  given  in  section  4.6.  Some 
numerical  results  are  presented  in  section  4.7.  We  also  give  in  the  appendix  a  proof 
of  the  stability  of  the  deterministic  system. 


4.1  Integrating  Voice  and  Data  on  Expressnet 


Two  constraints  must  be  satisfied  when  voice  and  data  traffic  are  to  be  inte¬ 
grated  on  Expressnet.  The  first  is  the  delay  constraint  for  voice  packets  —  real 
time  speech  must  be  delivered  to  the  receiver  within  some  finite  time  after  being 
generated.  The  second  is  the  minimum  bandwidth  requirement  for  data.  In  [11], 
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Fig.  4.1  Activity  on  the  inbound  channel  showing  consecutive  voice  and  data  trains 
constituting  cycles. 

an  access  mechanism  for  Expressnet  is  described  that  satisfies  these  constraints  and 
dynamically  allocates  the  channel  bandwidth  among  voice  and  data  stations  ac¬ 
cording  to  the  network  load.  To  accomplish  this,  two  types  of  trains  are  considered 
—  a  voice  train  type  and  a  data  train  type.  Trains  alternate  between  these  two 
types  and  stations  transmit  their  packets  on  the  train  corresponding  to  the  type  of 
the  packet.  We  define  a  cycle  to  consist  of  a  voice  train  followed  by  a  data  train, 
together  with  the  associated  overhead  (Fig.  4.1). 

To  satisfy  the  delay  constraint,  the  access  protocol  in  [11]  limits  the  number  of 
active  voice  sources  (i.e.,  voice  sources  that  are  participating  in  a  conversation)  to 
some  maximum.  We  denote  this  maximum  by  Nmax.  In  addition,  the  length  of  the 
data  train  is  restricted  to  some  maximum.  The  ratio  of  the  maximum  allowable 
length  of  the  data  train  and  maximum  length  of  a  cycle  determines  the  minimum 
bandwidth  available  to  data  stations. 

The  details  by  which  the  length  of  a  cycle  is  limited  to  the  prescribed  maximum 
are  described  in  [11].  Suffice  it  to  say  that  some  method  exists  to  limit  the  length  of 
a  data  train  to  its  predetermined  maximum  and  to  block  a  new  voice  source  from 
accessing  the  network  if  the  maximum  number  of  active  voice  sources  allowable  has 
already  been  reached.  The  essence  of  this  voice/data  protocol  is  the  DAMA  nature 
of  access  method.  Any  network  providing  round  robin  service  could,  hypothetically, 
integrate  voice  and  data  in  the  way  just  described. 
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Since  stations  are  serviced  in  a  round  robin  fashion,  a  given  station  will  peri¬ 
odically  be  able  to  access  the  channel  and  transmit  successfully  if  it  has  a  packet. 
We  refer  to  the  instants  in  time  when  the  station  in  question  is  able  to  transmit  as 
the  service  instants  associated  with  that  station.  The  time  between  two  consecutive 
service  instants  corresponding  to  a  given  station  is  a  random  variable  and  depends 
on  the  number  of  active  voice  sources  and  the  load  placed  on  the  network  by  data 
stations. 

In  [11],  only  fixed  size  packets  were  considered  and  an  analysis  of  the  protocol 
was  made  by  considering  the  maximum  load  condition.  In  the  next  section  we 
describe  a  new  method  whereby  stations  generate  packets.  With  this  method, 
stations  adapt  to  the  random  nature  of  the  inter-service  times  by  automatically 
adjusting  the  length  of  a  packet  to  match  the  network  load.  In  addition,  an  overload 
condition  (such  as  when  there  are  more  than  JVmax  voice  sources  using  the  network 
simultaneously)  can  be  accommodated  gracefully;  such  an  event  was  not  considered 
in  [11]. 


4.2  Operation  of  a  Voice  Station 

Assume  that  vocoders^  digitize  speech  at  a  constant  rate.  At  each  sampling 
instant,  the  bits  that  are  the  output  of  the  vocoder  are  stored  in  a  buffer,  appended 
to  the  existing  contents  of  the  buffer.  Simultaneously,  the  network  interface  listens 
to  the  activity  on  the  network  and  attempts  to  transmit  according  to  the  Express- 
net  access  protocol  described  above.  Once  the  station  has  determined  that  it  has 
access  to  the  channel,  it  transmits  the  packet  preamble  and  header,  followed  by  the 

fWe  use  the  term  “vocoder”  to  describe  the  unit  that  converts  the  analog  signal  to  digital  form. 
This  may  be  accomplished  by  simple  PCM  coding  or  by  some  more  efficient  method  based  on  the 
structure  of  speech. 
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contents  of  the  buffer.  Thus,  the  packet  formation  time,  i.e.,  the  time  spent  forming 
a  packet,  and  the  network  access  time,  i.e.,  the  time  spent  waiting  for  one’s  service 
instant,  occur  concurrently.* 

While  speech  has  traditionaly  been  characterized  as  a  continuous  stream,  in 
fact,  its  nature  consists  of  alternating  talkspurts  and  silences  which  are  of  random 
lengths  [52].  To  reduce  the  channel  bandwidth  required  by  a  single  voice  source, 
a  voice  station  can  exploit  this  structure  of  the  speech  signal  by  discarding  those 
bits  that  correspond  to  the  silence  periods,  storing  in  the  buffer  only  those  speech 
samples  corresponding  to  the  talkspurt  periods.  This  technique  is  referred  to  as 
silence  suppression.  Depending  somewhat  on  how  the  hardware  differentiates  be¬ 
tween  silences  and  talkspurts,  silence  suppression  can  reduce  the  average  bit  rate  of 
a  voice  station  by  about  60%  of  the  vocoder  rate  [52]. 

If  silence  suppression  is  in  effect,  we  expect  that  it  is  feasible  to  allow  more  than 
Nmax  active  voice  sources  at  any  given  time  while  still  maintaining,  on  average,  fewer 
than  Nmax  transmissions  in  the  voice  trains.  In  this  case,  the  voice  delay  and  data 
bandwidth  requirements  will  be  preserved.  However,  there  is  a  non-zero  probability 
that  more  than  Nmax  stations  are  in  talkspurt  at  the  same  time,  meaning  that 
some  packets  may  incur  delays  which  are  greater  than  the  allowable  maximum. 
To  accommodate  such  an  event,  we  assume  that  speech  samples  that  have  been 
delayed  for  longer  than  the  specified  maximum  have  become  worthless  and  the 
station  is  required  to  discard  them.  When  speech  is  discarded  in  this  manner,  we 
say  that  clipping  has  occurred.  A  c/%,  >d  segment  of  the  speech  is  referred  to  as 
a  glitch.  Subjective  listening  tests  hav  lown  that  there  is  little  or  no  qualitative 

♦Gonsalves  used  a  similar  approach  for  an  experimental  study  of  voice  communication  on  an  Ethernet 
local  area  network  [22].  In  that  work,  a  station  waits  until  the  packet  has  reached  some  minimum 
length  and  only  then  attempts  to  access  the  network  using  the  CSMA  access  protocol.  However, 
if  the  station  is  not  immediately  successful  in  accessing  the  network,  the  packet  is  allowed  to  grow 
while  the  station  is  trying  to  gain  access  to  the  network. 
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loss  in  the  intelligibility  of  the  received  speech  signal  for  small  amounts  of  clipping. 
Nevertheless,  by  any  quantitative  measure,  clipping  does  degrade  the  quality  of  the 
received  speech  signal. 


4.3  Network  Activity 

To  understand  more  clearly  the  operation  of  a  voice  station  and  its  interaction 
with  events  on  the  channel,  we  describe  the  activity  on  the  channel  for  some  hy¬ 
pothetical  situations.  For  simplicity,  we  consider  the  case  where  there  is  no  silence 
suppression  and  where  the  length  of  the  data  train  is  zero. 

Consider  the  case  corresponding  to  some  number  of  active  stations  each  trans¬ 
mitting  in  every  round.  The  length  of  a  transmission  of  any  one  of  these  stations,  say 
5,-,  depends  on  the  number  of  bits  in  its  buffer  at  the  service  instant  corresponding 
to  the  transmission  in  question.  The  number  of  bits  in  the  buffer  depends  in  turn 
on  the  length  of  time  separating  the  current  service  instant  at  5,-  from  the  previous 
one  at  5,-.  The  time  separating  two  consecutive  service  instants  at  a  given  station  is 
the  cumulative  sum  of  all  the  transmissions  between  these  two  service  instants  plus 
all  the  overhead  associated  with  the  protocol  (plus  the  length  of  the  data  train  if 
there  were  one).  In  steady  state,  the  inter-service  times  are  the  same  for  all  stations 
and  the  packet  transmission  times  are  all  equal.  (We  prove  the  correctness  of  these 
claims  in  the  ensuing  analysis.) 

Now  consider  the  scenario  depicted  in  Fig.  4.2  which  corresponds  to  the  activity 
one  might  see  on  the  inbound  channel  over  a  sequence  of  rounds.  The  first  two 
rounds,  i.e.,  the  ones  labelled  a  and  b,  show  transmissions  by  three  stations  S2,  S3, 
and  Si.  The  system  is  in  steady  state  at  this  time  and  so  transmissions  are  all  of 
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Round:  jS,  joins 


Time 

Fig.  4.2  Hypothetical  scenario  showing  how  the  protocol  automatically  adjusts 
the  packet  transmission  time  to  accommodate  a  fourth  station  joining 
a  network  which  is  already  servicing  three  other  stations.  After  a  few 
rounds,  a  new  steady  state  condition  is  reached. 
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equal  length  and  the  time  between  service  in  round  o  and  service  in  round  b  is  the 
same  for  each  of  the  three  stations. 

Assume  that  some  other  station,  Si,  becomes  active  at  time  t\  which  in  Fig.  4.2 
corresponds  to  the  beginning  of  round  6.  Since  S\  has  nothing  to  transmit  at  this 
time,  it  misses  its  turn  in  round  b.  However,  when  its  turn  comes  up  in  round  c, 
Si  transmits  the  contents  of  its  buffer  in  accordance  with  the  access  protocol.  As 
a  result  of  the  transmission  by  Si,  £2  must  wait  a  longer  time  in  round  c  for  its 
turn  to  transmit  than  it  had  to  wait  in  round  b.  The  extra  time  that  it  must  wait 
is  exactly  the  length  of  the  transmission  by  Si.  Consequently,  the  number  of  bits 
in  S^'s  buffer  is  greater  in  round  c  than  in  round  6.  Hence,  the  transmission  time 
of  S2  in  round  c  is  greater  than  that  in  round  b. 

Similarly,  S3  must  wait  a  longer  time  for  service  in  round  c  than  it  did  in  round  b. 
In  this  case,  the  extra  time  is  the  length  of  the  transmission  by  £j  plus  the  increase 
in  the  transmission  time  of  £2-  Clearly,  the  transmission  of  £3  in  round  c  is  longer 
than  the  transmission  by  £3  in  round  b  and  is  also  longer  than  the  transmission  of 
£2  in  round  c. 

We  can  continue  this  argument  for  the  transmissions  in  round  d  and  so  on. 

m 

Eventually,  the  lengths  of  the  transmissions  reach  a  value  that  corresponds  to  the 
steady  state  with  four  stations.  Fig.  4.2  shows  this  progression.  (The  transmission 
time  of  a  packet  is  a  function  of  the  number  of  bits  in  that  packet.  Since  this 
is  a  discrete  quantity,  the  new  steady  state  will  be  reached  in  a  finite  number  of 
cycles.)  To  a  high  degree  of  accuracy,  the  new  steady  state  is  reached  in  round  l. 
Consequently,  we  have  shown  round  m  to  be  identical  to  round  /. 

In  summary,  when  a  new  station  becomes  active  and  joins  the  network,  the  inter- 
service  times  increase  causing  the  packet  transmission  times  to  steadily  increase 
from  transmission  to  transmission  until  the  new  steady  state  is  reached. 
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In  Fig.  4.3,  we  show  a  similar  scenario.  However,  we  now  begin  in  steady  state 
with  four  active  stations  and  depict  the  situation  where  one  of  these,  S 4,  leaves 
the  network  immediately  after  completing  its  transmission  in  round  a.  In  this  case, 
the  transmission  times  of  the  remaining  three  sources  become  progressively  shorter 
until  the  steady  state  for  a  network  with  three  stations  is  reached. 


4.4  Notation  and  Definitions 

Assume  that  there  are  N  active  voice  sources  which,  without  loss  of  generality, 
are  numbered  1,2,...  N.*  Consider  two  consecutive  cycles,  labeled  r  —  1  and  r 
as  shown  in  Fig.  4.4.  Let  t\T^  denote  the  service  instant  of  5,-  in  round  r.  Let 
i!r)  =  t\r^  -  t\r~lK  Let  Anax  denote  the  maximum  delay  allowable.  Let 
denote  the  number  of  bits  of  speech  that  have  been  accumulated  by  S,-  at  time  t [  . 
Denoting  the  vocoder  rate  by  V,  B}r)  is  in  the  range  jyxj^j  <  B}r)  <  [VL^\  +  1 
and  is  taken  to  be 

b!'»  =  [vlV  J.  (4.1) 

The  maximum  number  of  bits  that  may  be  transmitted  by  any  station  in  a  single 
packet  is  denoted  by  BmiX  =  [VDm&xJ.  Obviously,  if  there  is  no  delay  restriction, 
An«  =  00  and  hence  Umax  =  00. 

Denote  the  length  of  the  preamble  by  0,  the  number  of  bits  in  the  header  by 
H,  the  bandwidth  of  the  channel  by  W  and  the  bandwidth  guaranteed  to  data 
stations  by  IVj.  We  define  a  transmission  period  as  the  time  required  by  a  station 
to  transmit  a  packet  (including  the  protocol  overhead  2A,  the  preamble  and  packet 

*A  single  two-way  conversation  requires  two  active  voice  sources. 
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Fig.  4.3  A  second  hypothetical  scenario  showing  how  the  protocol  automatically 
adjusts  the  packet  transmission  time  to  accommodate  a  station  leaving 
a  network.  Again,  after  a  few  rounds,  a  new  steady  state  condition  is 
reached. 
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Fig.  4.4  Activity  on  the  inbound  channel  showing  the  events  that  constitute  a 
cycle  and  the  notation  used  to  describe  these  events. 


header,  and  the  speech  samples).  Expressed  as  a  function  of  the  number  of  bits 
accumulated  in  the  station’s  buffer,  the  length  of  a  transmission  period  is  given  by 


m  = 


0  6  =  0 
2 A  +  n  4-  H/W  +  min(6,  Bmax)/W  b  >  0 


Letting  denote  the  length  of  the  data  train  in  the  rt!l  cycle  and  Y  the  overhead 
•  /  \ 
between  two  consecutive  trains,  L\r  can  be  expressed  as 


L\r)  =  jr  *(5jr~l))  +  £  X{Blr))  +  2Y  +  4r_1). 


The  delay  of  a  voice  bit  is  defined  to  be  the  period  of  time  from  the  instant  at 
which  it  is  generated  at  the  vocoder  until  the  instant  at  which  it  is  transmitted. 
Clearly,  of  all  the  bits  in  a  given  voice  packet,  the  first  bit  is  the  one  incurring  the 
largest  delay.  We  measure  the  delay  of  a  packet  by  the  delay  incurred  by  this  bit.* 
Not  including  the  delay  incurred  due  to  the  transmission  of  the  preamble  and  the 

*In  measuring  the  delay  of  a  packet  in  this  way  we  have  made  the  following  assumptions  concerning 
the  operation  of  the  receiver:  The  receiving  station  recognizes  that  a  packet  b  destined  for  it  as 
soon  as  it  has  received  the  header  information.  The  speech  samples  may  be  passed  on  to  the 
receiver’s  decoder  as  soon  as  the  arrive  to  the  receiver.  That  b,  the  receiver  does  not  have  to  buffer 
the  entire  packet  before  delivering  the  speech  to  the  decoder. 


header,  the  packet  delay  can  be  expressed  as 


D,W  (4.4) 

The  transmission  time  of  the  preamble  and  header  and  the  2A  protocol  overhead 
are  not  counted  in  since  this  conveniently  makes  the  arithmetic  a  little  simpler. 
To  include  these  amounts,  one  merely  need  add  (2A  +  fl  +  H/W)  to  all  delay  results. 

In  the  next  two  sections,  we  use  the  above  notation  and  definitions  to  provide 
an  analysis  of  the  system.  Thereafter,  we  present  some  performance  results. 


4.5  No  Silence  Suppression:  The  Deterministic  System 


4.5.1  Analysis 

Assume  that  there  are  N  active  voice  sources  and  that  there  is  no  silence  sup¬ 
pression.  Assume  also  that  data  trains  are  of  a  constant  length  denoted  by  L 4. 
Under  these  assumptions,  all  rounds  are  of  equal  length  and  packets  are  of  equal 
size.  (See  proof  below.)  That  is,  L\r\  Bjr\  X(Bjr^),  and  D ,-r^  are  constants  which 
we  denote  by  L,  B,  X ,  and  D,  respectively.  Under  these  conditions,  (4.1),  (4.2) 
and  (4.3)  reduce  to 

B=[LV\,  (4.5) 

X  =  2A  +  n  +  H/W  +  min  (B,  Bmax)/W,  (4.6) 

and 

L  =  NX  +  2y  +  Lj.  (4.7) 
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Since  BmdkX  =  [VDmax\,  we  can  rewrite  X  as 


X  =  2A  +  n  +  H/W  +  min(L,  Dmax)V /W. 


(4.8) 


Obviously,  if  N  is  small  then  L  <  Anax>  while  if  N  is  large  then  L  >  Anax*  An **  is 
now  formally  defined  as  that  number  of  stations  such  that  L  <  Anax  for  N  <  Amax 
and  also  such  that  L  >  Dmax  for  N  >  Nmax.  Thus,  (4.8)  can  be  expressed  as 


X  = 


'2A  +  n  +  H/W  +  LV/W 


N<Nt 


ifmax 


,2  A  +  n  +  H/W  +  DmiXV/W  N>NmiX 


(4.9) 


Substituting  (4.9)  into  (4.7)  gives 


NH  +  NW{  2A  +  Cl)  +  W{2Y  +  Ld) 
W-NV 

M  2A  +  Q)  +  N(H  4-  DmiXV)/W  +  2Y  +  Ld 


N<Nmax 
N>  Nm^ 


(4.10) 


and  hence, 


(  NH  +  NW(2A  +  O)  +  W[2Y  +  Ld ) 


D=  { 


W-NV 


l  A 


N  <  Nmax 
N  >  Nm3X  . 


(4.11) 


Equation  (4.11)  gives  the  relationship  between  the  delay  of  a  voice  packet,  the 
number  of  voice  sources  and  the  constant  length  of  the  data  train. 

Suppose  now  that  we  require  the  network  to  guarantee  both  a  maximum  delay  to 
voice  traffic  of  Anax  and  a  minimum  bandwidth  to  data  users  of  Wd.  To  guarantee 
D  <  Z?mJlx,  we  limit  the  number  of  voice  sources  to  Nmax  and  set  the  length  of  the 
data  cycle  to  the  maximum  allowable  value  which  we  denote  by  LdmiX.  To  ensure 

*We  ignore  the  slight  error  introduced  by  truncation  as  we  convert  from  discrete  units  of  bits  in 
(4.6)  to  continuous  units  of  time  in  (8).  For  packets  which  are  on  the  order  of  500  bits,  the  error 
is  on  the  order  of  0.1%. 
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a  minimum  bandwidth  of  Wd  to  data  users  at  the  maximum  voice  load,  we  require 
that 


LdmJDmax  =  Wd/W. 


(4.12) 


Replacing  Ld  in  (4.10)  with  Ldmax  as  given  by  (4.12)  gives 


r  NW{  2A  +  n)  +  NS  +  DmiXWd  +  2  WY 
L~  W-NV  ~ 


(4.13) 


and  since  we  require  that  N  <  Nmax,  we  have  that  L  <  Z?max  and  so  the  packet 
delay  is  simply  D  =  L.  Letting  L  =  Dmax  in  (4.13),  we  can  compute  the  maximum 
number  of  voice  sources  such  that  we  can  guarantee  that  D  <  Dm3X.  This  maximum 


is  given  by 


Nmxx.  — 


(W  -  Wd)Dm a*  -  2 WY 
ff  +  VVmAX  +  W(  2A  +  n). 


(4.14) 


For  completeness,  consider  the  case  where  Ld  =  Ldm^x  but,  for  some  reason, 
N  >  NmiX.  In  this  case,  L  >  DmiX  and  is  given  by 


L  =  N{2&  +  0  +  H/W)  +  (NV  +  Wd)DmiX/W  +  2Y  N  >  Nmax  (4.15) 


As  required  by  the  protocol,  those  speech  samples  that  are  older  than  Dmax  are 
discarded,  i.e.,  they  are  not  transmitted.  Hence  the  packet  delay  for  the  case  where 
N  >  Nmax  is  simply  D  =  DmiX. 

To  provide  a  quantitative  measure  of  the  effect  of  overloading  the  network  in 
this  way  (i.e.,  allowing  more  than  Nmax  voice  stations  to  be  active  at  any  one  time) 
we  calculate  the  fraction  of  speech  that  is  lost  under  this  condition,  expressed  as 
a  function  of  the  number  of  active  voice  sources  N.  Denote  the  fraction  of  speech 
lost  by  G.  Clearly,  G  =  (L  —  Dmax)/L  and,  using  the  value  of  L  given  by  (4.15), 
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can  be  expressed  as 


(0 


G  = 


]  NW( 2A  +  0)  +  N(H  +  VDmiX )  +  (W*  -  W)Dmax  +  2WY 
{  NW(  2A  +  n)  +  JV(tf  +  VDmix)  +  WdDmiX  +  2WY 


N  <  NmiLX 

N  >  Nmax 
(4.16) 


Finally,  we  calculate  the  actual  bandwidth  achieved  by  the  data  stations,  de¬ 
noted  by  WA)  when  Ld  =  LdmiX.  WA  and  can  be  computed  from  the  ratio 


=  LdmiX 

W  L  ' 


(4.17) 


Substituting  for  Ldmxx  from  (4.12)  and  for  L  from  (4.13)  and  (4.15)  gives 


WdDmiX(W  -  NV) 


NW(  2A  +  fl)  +  NH  +  DnvcWj  +  2W7 

_ WdDm^W _ 

.  fViy(2A  +  n)  +  NH  +  (NV  +  Wd)DmiX  +  2WY 


N  <  NmAX 

(4.18) 

N>Nmax 


Obviously,  WA  >  Wd  for  N  <  Nmax  but  WA  <  Wd  for  N  >  Nmix.  This  implies  that 
one  of  the  effects  of  allowing  greater  than  NmiX  voice  sources  on  the  network  at  a 
given  time  is  to  reduce  the  bandwidth  available  to  data  stations  to  a  value  which  is 
less  than  the  required  minimum. 


The  steady  state  analysis  has  assumed  that  N  is  fixed.  Given  that  N  varies 
as  new  calls  are  set  up  or  existing  ones  are  terminated,  one  may  ask  whether  the 
steady  state  is  ever  reached.  We  now  show  that,  in  fact,  the  system  reaches  steady 
state  in  a  time  period  that  is  short  as  compared  with  the  average  time  between 
changes  in  N. 

Let  Wd  =  0.  Assume  that  voice  sources  become  active  according  to  a  Poisson 
process  with  rate  o  pairs  of  stations  per  second,  and  that  a  pair  of  stations  remains 
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« 

* 

active  for  an  exponentially  distributed  period  of  time  with  mean  1/d  s.  According  to 
this  model,  N/2  represents  a  simple  birth-death  process  where  the  expected  holding 
time  in  state  n  is  hn  =  l/(a  4-  nd).  One  can  easily  show  that  the  expected  number 
of  active  calls  at  any  time  is  N/2  =  a/d  and  that  =  l/Nd  s. 

O 

To  examine  how  the  system  evolves  as  TV  is  increased  or  decreased  from  a  given 
value,  we  monitored  the  length  of  successive  rounds  using  equations  (4.2)  and  (4.3). 
For  all  values  of  W  and  N  considered,  the  system  moves  from  the  old  steady  state 
to  within  1%  of  the  new  steady  state  within  1ms.  Assuming  that  the  average  length 
of  a  call  is  3  minutes,  i.e.,  1/d  =  180s,  and  that  N  =  1000  (which  is  close  to  NmiX 
for  W  =  lOOMb/s)  the  expected  time  between  changes  in  N  is  180ms  —  two  orders 
of  magnitude  larger  than  the  time  for  the  system  to  reach  its  steady  state.  Thus,  it 
is  reasonable  to  assume  that  the  system  is  quasi-stationary  with  respect  to  changes 
in  N. 


4.5.2  Stability  of  the  Deterministic  System 

We  show  that  the  deterministic  system  converges  to  a  steady  state  as  was  as¬ 
sumed  in  the  analysis  above.  As  in  the  analysis,  we  assume  that  there  are  N  active 
voice  sources  and  that  is  a  constant  given  by  Lj. 

Consider  two  consecutive  voice  rounds  r—  1  and  r.  Define  T-r ^  =  X(B jr^)  where 
X(b)  is  defined  by  (4.2).  T}r^  can  be  expressed  as 

r/r)  =  2  A  +  n  +  H/W  +  VL^/W  (4.19) 

where,  from  (4.3),  is  given  by 

ijr)  =  £  rjr_l)  +  'f;  rjr)  +  2Y  +  l4.  (4.20) 

y=»  j- 1 
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Hence, 


E*f  +  Erj  ’ 

J  =  1  j=i 


+  (2A  +  fi  +  H/W)  +  ^{2Y  +  U\ . 


(4.21) 


Let  T}r)  =  T  +  P-r ^  where  is  a  constant  and  pjr^  is  the  perturbation  around 
this  constant  7\  Hence,  (4.21)  can  be  written  as 


T  +  P}r)  = 


V  V 

wNT+w 


*•- 1 


N 


E  jf  +  EPj'-'* 

b=l 


J=* 


(4.22) 


+  (2A  +  ft  +  tf/W)  +  —  [2Y  +  £,] 


If  we  choose  T  in  such  a  way  as  to  satisfy  (4.13)  and  (4.9),  i.e.,  L  =  NT  +  2 Y  -f 
and  T  =  (2A  +  n  +  H/W)  +  LV/W ,  we  get 

T  =  (2A  +  +  F/W)  4-  ^  [iVT  +  2F  +  Ld] 

(4.23) 

=  ^NT  +  (2A  +  0  +  H/W )  +  ^  [2Y  +  2^] . 

Clearly,  we  have  equivalent  terms  on  the  left  and  right  hand  sides  of  (4.22). 
Denoting  V /W  by  i,  (4.22)  in  its  simplified  form  can  be  expressed  as 


i-i 

E  pi 

Li*  i 


M 


N 


+  E*3 


(r-l) 


;=* 


(4.24) 


In  vector  notation  (4.24)  becomes  PW  =  AP^)  +  BP(r  ^  where 


(PW],  =  P'M 


(x 

3  <* 

[A],-y  = 

lo 

3  >  i 

f° 

3  <  i 

P%  = 

lx 

3  >  *  • 

(4.25) 
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To  prove  stability  of  the  steady  state  equations  we  show  that  the  row  sums  of 
D  are  less  than  unity;  hence  p/r)  is  less  than  the  convex  combination  of  the  P,-r_1). 
Consider  £y[D],/. 


(4.31) 


epw =x>(i+ *r'“'  [(i + *y -i]j-E'(i+ *)•■■' 1 

j  j=l  j=i 

=  Nx{  1  +  x),_1  -  X>(1  +  xy-*-1 

J=1 

=  1  +  Nx(  1  +  x)1'”1  -  (1  +  x)‘_1 
=  i  -  (i  -  Nx)(i  +  xy-1 


Recall  from  (4.23)  that  for  the  steady  state  to  exist  we  require  that  ^NT  =  T  - 
[2A  +  0  +  HjW  +  V(2Y  +  Ld)/W ]  and  since  V /W  ~  x, 


Nx  =  1  —  i[2A  +  fi  +  H/W  +  V{2  Y  +  Ld)/W\ 


(4.32) 


Since  Nx  <  1,  then  1  -  Nx  >  1  and  hence  EyD.y  <  1.  Recall  that  P(r)  =  DP(r  1}. 


p.w = EPi^r11 

j 

<  max{Pjr_1)}£D*y 

1  j 

<  max{P;-r_1'}  V* 


(4.33) 


Hence  max{P(r)}  <  max{P|r  1J}  and  so  max{/^(r)}  \asr/.  Thus,  in  the  limit, 

«  *  j  3  * 

P<r)  — >  0  as  r- — ♦  oo  for  all  i  and  the  system  converges  to  a  steady  state. 


192 


Fig.  4.5  Three  state  Markov  chain  describing  the  activity  of  a  voice  source. 


4.6  With  Silence  Suppression:  The  Stochastic  System 


Assume  that  there  are  N  active  voice  sources.  Assume  also  that  none  of  these 
voice  sources  becomes  inactive  and  that  no  inactive  voice  sources  become  active. 
Silence  suppression  is  in  effect.  The  data  train  may  be  arbitrarily  long  up  to  some 
maximum  length  denoted  by  We  now  present  a  model  of  a  voice  source 

followed  by  the  analysis. 

* 

4.6.1  The  Model  of  a  Voice  Source 

The  dynamics  of  a  voice  source  have  generally  been  modeled  as  a  three  state 
Markov  chain  as  shown  in  Fig.  4.5  [55].  If  the  source  is  idle,  no  conversation  is 
taking  place.  An  idle  source  becomes  active  when  a  conversation  begins.  While 
active,  the  source  alternates  between  the  talk  and  silent  states  as  it  moves  back  and 
forth  between  talkspurt  and  silence.  For  this  work,  we  assume  that  there  are  a  fixed 
number  of  active  voice  sources;  there  are  no  transitions  between  the  idle  state  and 
either  the  talk  state  or  the  silent  state.  The  mean  holding  time  in  the  talk  state 


is  denoted  by  1/A  (around  1.3s)  and  the  mean  holding  time  in  the  silent  state  is 
denoted  by  l/p  (around  1.7s).  The  probability  of  being  in  the  talk  state  is  denoted 
by  pt  and  is  given  by  pt  =  p/(\  4-  p)  (around  0.4). 

In  this  analysis,  we  modify  the  model  and  assume  that  a  station  can  make  at 
most  one  state  transition  between  two  service  instants.  We  make  this  assumption 
for  two  reasons.  Firstly,  it  is  a  convenient  restriction  to  the  model,  making  it  easier 
to  describe  (mathematically)  events  between  two  service  instants  at  a  given  station; 
secondly,  it  approximates  fairly  closely  a  real  speech  detector  which,  if  in  the  silent 
state,  will  ignore  short  talkspurts  and,  if  in  the  talk  state,  will  fill  in  short  silence 
periods.  For  example,  in  [53],  talkspurts  shorter  than  15ms  are  ignored  and  silences 
which  are  less  than  200ms  are  filled  in.  Thus,  in  fact,  it  would  be  unrealistic  for 
a  given  station  to  make  more  than  one  state  transition,  either  from  talk  to  silent 
or  from  silent  to  talk,  between  two  consecutive  service  instants  —  a  period  of  time 
which,  in  this  work,  is  on  the  order  of  1ms  to  100ms.  Naturally,  if  the  system 
is  designed  such  that  a  longer  delay  is  tolerated,  say  150ms  or  greater,  then  this 
assumption  becomes  a  poor  one. 

m 

* 

4.6.2  A  Mathematical  Formulation 


Consider  the  instant  of  time  corresponding  to  the  beginning  of  a  transmission 
or  potential  transmission  from  station  5,-.  Define  =  0  if  5,-  is  in  the  silent  state 
at  and  =  1  if  5,-  is  in  the  talk  state  at  .  The  state  of  the  system  at 
is  completely  described  by:  a  set  of  values 


Kr| 

W"’ 


j<i 

1  <i<N 

3  >  » 


(4.34) 
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denoting  the  size  of  the  most  recent  packet  from  each  of  the  of  the  N  stations;  a 
set  of  indicators 


/sf 

j<i 

j  >  i 

l  <  i  <  N 


(4.35) 


denoting  whether  or  not  each  of  the  stations  was  in  the  talk  or  silent  state  at  the 
time  that  the  station  in  question  was  last  offered  service;*  and  L^~l\  the  length 
of  the  most  recent  data  train.  Thus,  the  state  of  the  system  at  t\T ^  is  completely 
described  by  the  vector 

z?’  =  ({St>  ‘>)  (4.36) 

which  can  be  expressed  more  simply  as 

zj'>  =  (4.37) 


The  state  of  the  system  at  fvjjj,  denoted  by 

9’(r)  _(D(r_1)  «(r_1).  ij(r— fl(r).  /?fr)  . r(r-1h 

*t+l  ~  \ai+2  >P.+ 2  i  '"aN  >Pn  >ai  >P  1  >"'-Di+vPi+l>Ijd  ) 


is  determined  from  zjr ^  and  from  and  /3,-^j .  Using  the  model  of  a  voice 
source  described  above,  and  /3j+\  can  be  determined  from  the  length  of  time 
and  the  value  of  This  information  is  contained  in  the  state  de¬ 

scriptor  zJ'K  Thus,  zj+i  depends  only  on  zjr ^  and  hence  the  process  {{2^},^}“  x 
constitutes  a  discrete  time  Markov  chain.  Note  that  the  transition  from  zj^~^  to 
z\r^  requires  that  the  distribution  on  the  length  of  the  data  train  be  introduced  into 

*In  order  to  decrease  the  complexity  of  the  state  descriptor  at  the  expense  of  accuracy,  one  could 
assume  that,  if  S<  is  in  talkspurt  at  t|r-1'  but  in  silence  at  t\r\  all  voice  bits  collected  between 
these  two  times  are  discarded.  In  this  case,  the  condition  B,-r*  =  0  is  sufficient  to  describe  the  case 
where  Si  is  in  silence  at  time  f-r\  thus  eliminating;  the  need  for  the  set  of  indicators. 
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the  transition  probabilities  while  transitions  from  z}r ^  to  Zj+lt  *  #  N  do  not.  As 
a  result,  the  Markov  chain  described  by  is  non-homogeneous.  Nev¬ 

ertheless,  we  define  two  transition  matrices,  Ro  and  Rj,  which  specify  this  chain 
completely.*  These  are 


[BoW  =  Pr{2.W  =  y  I  zt\  =  *}  1 

[H1|xy  =  Pr{z|')=y|4-1'=x} 


(4.38) 


where 


x  =  (*i>cri;...x.v,aJv;M  xitlx>  0 

(4.39) 

y  =  (yi,7i;---yjv,77v;W  y,,Jy>° 

Unfortunately,  solutions  for  non-homogeneous  chains  are  not  readily  available.  If, 
however,  we  consider  the  instants  of  time  at  which  some  arbitrary  station,  say  5,-, 
is  offered  service,  i.e.,  t\r^ ,  <|r+1\...,  then  we  can  define  an  embedded  Markov 
chain  {Zjr^}^Lx}  which  is  homogeneous.  Moreover,  its  transition  matrix  P,  can  be 
computed  from  the  transition  matrices  Ro  and  Rj  as 


P,  =  Rj'-R.Rjr1. 


(4.40) 


The  Markov  chain  specified  by  P,-  has  finite  state  space  and  is  irreducible.  Hence 
the  chain  is  ergodic  and  the  steady  state  exists.  To  facilitate  the  computation  of 
the  stationary  distribution,  we  write  the  equations  for  the  transition  matrices  Ro 
and  Rj. 

It  is  convenient  to  first  define  the  notation  L(x)  to  denote  the  length  of  a  cycle 
as  a  function  of  the  state  of  the  system  x.  L{x)  is  given  by 

N 

L(x)  =  £  X{x})  +  2Y  +  1,  (4.41) 

y=i 

*If  we  assume  that  the  data  train  is  a  constant  fixed  length,  R,  =  Ro  and  the  Markov  chain 
is  homogeneous.  One  can  compute  the  steady  state  distribution  on  this  chain  from 
the  transition  matrix  Ro  thus  somewhat  simplifying  the  analysis. 
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where  X(b)  has  been  defined  in  (4.2).  Clearly,  L(zj^)  =  j  where  L\^  has  been 
defined  in  (4.3). 

As  a  result  of  the  way  that  we  have  defined  the  state  descriptor  zjr\  [Ro]Xy 
and  [Rijxy  are  zero  if  t/j  ^  iJ+i  or  7y  ^  ay+i,  j  €  {1, 2, . . .  iV  —  1}.  In  addition, 
[Ro]Xy  =  0  if  lx  ^  ly.  We  first  compute  the  elements  of  Ro.  To  compute  fRo]Xy 
for  the  case  where  it  is  non-zero,  we  must  compute  for  all  x  the  probability  that 
B-^  =  yx  and  =  7,v  for  all  possible  values  of  t/jv  and  7#.  We  identify  four 
cases  that  can  conveniently  be  treated  separately. 

The  first  of  these  cases  is  where  Zt-^\  =  x  is  such  that  /?^r  =  0  and  =  0, 

meaning  that  5,-  was  in  silence  at  t^r~^  and  has  remained  in  this  state.  Given  that 
=  0,  this  case  occurs  with  probability  where  Z(x)  is  given  by  (4.41). 

can  only  take  on  one  value,  namely  B ,-r^  =  0. 

The  second  case  is  where  zf'\  —  x  is  such  that  =  1  and  =  1 

meaning  that  5,-  was  in  talkspurt  at  and  has  remained  in  talkspurt.  Given 

that  =  1,  then  =  1  with  probability  e“*£W.  In  this  case  too,  B^  can 

take  on  only  one  value  which  is  Bt-r^  =  [Z(x)V J. 

The  third  case  corresponds  to  the  situation  where  z\r} x  =  x  is  such  that  = 

1  and  =  0.  That  is,  5,-  moves  from  talkspurt  to  silence  between  the  two  service 
instants  and  In  this  case,  b\t ^  can  take  on  the  values  in  the  range 

0  <  b\t ^  <  [Z(x)V  J .  The  distribution  on  Bjr)  is  computed  as  follows.  Consider  the 
time  interval  (tjr-l\f^).  Let  te  denote  the  time,  as  measured  from  t\r~1\  at  which 
the  station  in  question  made  the  transition  from  talkspurt  to  silence.  Clearly,  the 
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number  of  bits  accumulated  by  Si  at  time  i ,■  is  [teV  J .  Hence, 

Pr{B!r)  =  b  |  HZ&)  =  =  l.jjH  =  0} 

=  =  *  I  =  >./5'r)  =  D> 

=  Pr{6  <  t'V  <  b  +  1 1 =  l, /)!'-'>  =  1,/S ,<r)  =  0} 

=  Pr (b/v  <  t,  <  (b  +  1  )/V  I  L(4 :>,)  =  l,4r~l>  =  1,/J,W  =  0} 

(4.42) 

Since  the  two-state  model  describing  the  activity  of  a  speech  source  can  make  only 
a  single  transition  between  consecutive  service  instants,  and  the  holding  time  in  the 
talkspurt  state  is  exponentially  distributed  with  rate  A,  (4.42)  can  be  expressed  as 


pkb!'1  =  b  i  =  i,Mr> = o)  = 


S“A6/V  _  C-A(fr+1)/V 


1  -  e 


-xi 


_  e-A/V) 


(4.43) 


-A/ 


1  w  e 

0  <  6  <  [17] 


Given  that  /3,-r  ^  =  1,  the  probability  that  /3^  =  0  is  1  —  e  XLW. 

The  last  of  the  four  cases  is  similar  to  the  third  except  that,  for  this  case,  5,- 
makes  a  transition  from  silence  to  talkspurt,  i.e.,  =  0  and  =  1.  Letting 

te  denote  the  time  at  which  5,-  makes  the  transition  from  silence  to  talkspurt  and 
using  the  same  argument  as  for  the  third  case,  we  have  that 


Pr{Bjr)  =4  1  =  I,  =  0,  =  1) 

=  Pr{l  -  (6  +  1  )/V  <U<l-b/V\  L(zj'Jt)  =  I,  ft-"  =  0,  /?jr)  =  1} 

~  1-c-f^ 

(4.44) 

Given  that  =  0,  the  probability  that  (3^  =  1  is  1  -  e~f,L^xK 
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From  these  four  cases,  the  elements  of  the  transition  matrix  Ro  can  be  expressed 


0-ttHx) 


e-M(l(x)-s ,*/V)(ef/v  _ 


[Rolxy  =  { 


'Aj tN/V^  _  e-A/Vj 


ax  =  0,  fix  =  0,  yjv  =  0 

=  0,/?*  =  1,0  <  VN  <  [X(x)yj 
ai  =  1,/fy  =  l.yjv  =  [L(x)V\ 
a!  =  l,pN  =  0,0  <  y.v  <  [L(x)V\ 


otherwise 


(4.45) 


For  the  transition  matrix  Ri,  one  must,  in  addition  to  the  above,  also  account 
for  the  length  of  the  data  train  which  appears  in  the  state  descriptor 

but  not  in  the  state  descriptor  Zy~l\  Assume  that  the  length  of  the  data  train 
is  an  independent  random  variable  drawn  from  some  discrete  distribution  function 
which  we  denote  by  Fi(l)  =  Pr {L^jh}.*  It  is  then  possible  to  compute  the  transition 
probabilities  [Ri]xy  by  conditioning  on  and  removing  this  condition  using  the 

distribution  specified  by  Fl{1).  Following  the  procedure  used  above,  the  elements 
of  Ri  are  given  by 


=  1  t~x(L^'llM^FL{ly) 

_  e~xlv)FL{ly) 


ai  =  0,  /3]v  =  0,  yN  =  0 

foil  =  0  ,Pn  =  1 

|o  <  yN  <  -  /,  +  ly) J 

|ai  =  l, Pi v  =  1 

{ys  =  [V{L{x)-lx  +  ly)\ 

fa  l  =  1  ,Pn  =  0 

jo  <  yjv  <  [V(I(x)  ~lz  +  ly)J 
otherwise 

(4.46) 


‘This  assumption  does  have  it3  limitations.  The  length  of  the  data  train  is  not  an  independent 
random  variable  but  depends  on  the  past  history  of  events  on  the  channel  such  as  the  lengths  of 
the  previous  data  and  voice  trains. 
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Given  the  transition  matrices  Ro  and  Ri,  one  can  compute  the  transition  matrix 
P,  which  describes  the  state  transition  over  the  period  between  two  consecutive 
service  instants  of  5,-.  Given  P,,  we  can  compute  the  stationary  distribution  nx 
of  the  Markov  chain  { Z jT^}}  r  >  1.  From  ITX,  one  can  compute  the  marginal 
distribution  of  B}r)  and  hence  the  expected  packet  delay,  as  well  as  the  expected 
fraction  of  lost  speech  for  >  BmiX. 

The  marginal  distribution  of  B jr^  is  denoted  by  FB(b)  and  can  be  computed 
from 


/>(»)  =  PrfB,!'1  =  (.} 

=  V  n, 

X3zn=b 


(4.47) 


a)  Expected  length,  of  a  round:  Given  that  £,■  has  accumulated  b  bits  at  time  t*f\ 
then  the  time  interval  t\r^  -  is  clearly  b/V.  Therefore,  the  expected  length  of 
a  round  is  simply 


L  =  Y.FB(b)b/V  .  (4.48) 

b 

b)  Expected  Delay:  Since  5,-  transmits  at  most  Bmix  bits,  the  expected  delay  of 
a  voice  bit  is  less  than  or  equal  to  L  and  is  given  by 


D  =  Y,FB{b)  min(6,  Bmix)/V  (4.49) 

b 


c)  Fraction  of  speech  lost:  The  fraction  of  speech  from  5,-  that  is  discarded  can 
be  computed  as  the  ratio  of  the  expected  amount  of  speech  lost  with  each  packet 
transmission  to  the  expected  size  of  a  packet  were  there  to  be  no  loss.  This  ratio, 
denoted  by  G,  is  given  by 

J2FB(b)  max(0,6  Bjjxax) 

G  =  ~ - -  (4S0) 

b 


200 


d)  Actual  Data  Bandwidth:  The  actual  bandwidth  achieved  by  data  traffic,  W 
is  computed  as  the  ratio  of  the  expected  length  of  a  data  train  to  the  expected 
length  of  a  cycle.  The  expected  length  of  a  data  train  is  given  by  Yli  Fl{  1)1  and  the 
expected  length  of  a  cycle  is  given  by  (4.48).  Hence, 

v  E  ftW 

^  ■  Y^W  (4'51) 

6 


4.6.3  Computational  Considerations 

We  provide  some  estimates  of  the  storage  and  time  requirements  were  one  to 
use  the  above  analysis  to  compute  numerical  values  of  the  performance  metrics.  Ba¬ 
sically,  to  compute  any  numerical  results,  one  would  have  to  compute  the  transition 
matrices  Ro,  Ri,  and  P,  and  then  (probably  iteratively)  compute  the  stationary 
distribution  on  z\T\  The  storage  and  time  requirements  of  these  computations  are 
directly  related  to  the  size  of  tne  state  s^.ace  which  we  crudely  estimate  as  follows. 

Consider  the  state  descriptor  Z-^  =  . . .  £,-r\/3,-r*;  We 

ignore  the  space  requirements  of  the  N  indicators  (3.  Assume  that  we  do  not  consider 
the  possibility  of  an  overload  and  hence,  we  conservatively  estimate  the  maximum 
value  of  B ,-r^  to  be  Bmax.  In  addition,  we  assume  that  the  data  train  is  a  constant 
fixed  length.  Under  these  assumptions,  the  state  descriptor  is  reduced  to  a  vector 
of  size  N  where  each  element  can  take  on  values  in  the  range  (0,  With  such 

a  state  descriptor,  the  size  of  the  state  space  is  given  by 

S  =  (Bm«  +  1)N.  (4.52) 

We  would  like  that  the  maximum  number  of  active  users  on  the  network  be 
close  to  the  maximum  that  can  be  accommodated  for  a  given  channel  bandwidth. 
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Consider  for  this  crude  estimate  values  of  N  in  the  range  (1,  W/V)  which,  assuming 
that  half  of  the  speech  constitutes  silence,  allows  approximately  50  percent  of  the 
bandwidth  for  data  stations.  Since  Bmax  is  given  by  [VZ)m!lXJ,  (4.52)  becomes 

S  «  {VDmw)wlv  (4.53) 

Consider  some  favorable  numerical  values.  We  believe  that  it  would  not  be 
worthwhile  to  consider  values  of  W  less  than  lMb/s  or  values  of  Dmax  less  than  1ms. 
In  fact,  it  is  questionable  whether  the  values  of  lMb/s  and  1ms  for  W  and  Dmax, 
respectively,  are  not  themselves  too  low  for  realistic  applications.  Nevertheless,  we 
consider  as  a  numerical  example  V  =  64kb/s,  W  =  lMb/s,  and  Dmax  =  1ms.  With 
these  values,  the  size  of  the  state  space  is  on  the  order  of  2  x  102S.  Clearly,  any 
results  requiring  this  order  of  numerical  computation  are  unattainable. 

Thus,  unfortunately,  the  analysis  is  not  useful  for  providing  numerical  results. 
However,  it  serves  as  a  formal  description  of  the  events  on  the  network. 


4.7  Numerical  Results 

In  this  section,  we  present  and  discuss  numerical  results  showing  the  perfor¬ 
mance  of  the  voice/data  access  protocol.  Since  detailed  performance  results  for 
data  traffic  have  been  presented  in  chapter  3,  we  consider  here  only  the  perfor¬ 
mance  achieved  by  voice  traffic  and  its  effect  on  the  data  bandwidth.  For  the  case 
where  there  is  no  silence  suppression,  results  were  obtained  from  the  analysis  of 
the  deterministic  system  presented  in  section  4.5.  For  the  case  where  silence  sup¬ 
pression  is  in  effect,  the  numerical  results  were  obtained  by  simulating  the  model 
described  and  analyzed  in  section  4.6.* 

*The  model  of  a  voice  source  used  in  the  simulation  corresponds  to  the  Markov  chain  model  described 
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All  the  numerical  results  were  obtained  under  the  assumption  that  the  data 
train  is  of  a  fixed  length  which  is  computed  from  (4.12)  for  each  combination  of  the 
values  of  W)  Wj,  and  Dmax  considered  below.  The  vocoder  rate  is  the  same  for  all 
stations  and  is  taken  to  be  64Kb/s.  The  end-to-end  propagation  time  r  is  taken  to 
be  20/xs.  The  carrier  detection  time  is  ignored,  i.e.,  A  =  0,  and  the  preamble  and 
header  are  taken  to  be  a  combined  total  of  60  bits.  For  Dmax,  W  and  Wj,  a  range  of 
values  are  considered:  Dma x  is  taken  to  be  one  of  1ms,  10ms,  or  100ms;  W  is  taken  to 
be  lMb/s,  lOMb/s  or  lOOMb/s;  Wj  takes  on  values  in  the  range  0  to  0.7W.  For  the 
case  where  silence  suppression  is  in  effect,  holding  times  in  the  talk  and  silent  states 
are  taken  from  [52]  to  be  1/A  =  1.34s  and  l//x  =  1.67s,  respectively.  The  length 
of  the  simulation  runs  were  varied  depending  on  the  bandwidth  of  the  network 
being  simulated.  It  was  found  that,  at  lOOMb/s,  a  40s  segment  of  conversation  was 
sufficient  to  give  stable  results.  At  lMb/s,  fewer  stations  can  be  accommodated  on 
the  network  and  so  a  longer  segment  of  conversation  was  needed  so  as  to  collect 
a  sufficient  number  of  samples.  In  this  case,  a  100s  segment  of  conversation  was 
simulated. 

The  first  performance  metric  that  we  discuss  is  the  delay  of  a  voice  packet. 

We  plot  in  Fig.  4.6  the  delay  as  a  function  of  the  number  of  active  voice  sources 

* 

for  the  case  where  there  is  no  data  traffic,  i.e.,  Wj  =  0.  Consider  first  the  curves 
corresponding  to  a  system  with  no  silence  suppression.  For  N  =  1,  D  is  only 
slightly  larger  than  the  round-trip  propagation  time  plus  the  time  to  transmit  the 
preamble  and  header.  As  N  increases  from  N  =  1,  the  delay  increases,  slowly  at 
first  but  rising  sharply  as  N  approaches  Nm!kX.  For  AT  >  Nmax,  the  delay  is  Dmax  and 

in  section  4.6  without  the  modification  restricting  the  number  of  transitions  between  consecutive 
service  instants  at  a  given  station.  Nevertheless,  we  found  that,  for  small  values  of  Z7miX  (1ms 
and  10ms),  there  were  in  fact  no  cases  where  the  talker  made  more  than  one  transition  between 
consecutive  service  instants.  For  larger  values  of  Dmax  (100ms),  there  were  a  few  cases  where  a 
talker  made  two  or  three  transitions  between  consecutive  service  instants  but  the  numbers  were 
negligible  compared  to  the  number  of  packets  simulated. 
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Voice  Delay  (ms) 


Fig.  4.6  Voice  delay  as  a  function  of  the  number  of  active  voice  sources  N  with 
various  values  of  W  and  DmaX}  and  =  0.  Curves  corresponding  to  both 
a  system  with  silence  suppression  and  one  without  silence  suppression  are 
shown. 
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lms 

Dmax  — 

10  ms 

Dmax  — 
100ms 

Theoretical  ^ 
Limit  (LW/VJ) 

W=lMb/s 

7 

14 

15 

15 

W=10Mb/s 

74 

141 

154 

156 

W=100Mb/s 

741 

1417 

1546 

1562 

Table  4.1.  NmiX  for  various  values  of  W  and  DmiX.  Wj  =  0.  The  theoretical 
maximum  value  of  N ,  given  by  the  bandwidth  constraint  [W/V\,  is 
also  indicated. 

each  curve  becomes  a  horizontal  line,  hence  the  discontinuity  at  N  =  Nm!ix.  The 
curves  show  that,  for  surprisingly  low  delay  (on  the  order  of  10ms),  the  network  can 
support  close  to  the  theoretical  maximum  number  of  voice  sources  possible  given 
the  bandwidth  constraints,  i.e.,  the  maximum  number  of  voice  sources  given  by 
[W/V\.  Table  4.1  provides  some  values  of  Nmax  for  various  values  of  W  and  Dmax 
and  compares  these  to  the  theoretical  maximum.  We  see  that,  for  Z?max  =  10ms, 
Nm*x  is  about  90%  of  [W /V  J  and  for  Dmax  =  100ms,  Nm3X  is  almost  100%  of 
\W JV  J.  The  value  of  NmiX  grows  proportionally  to  W .  (The  reader  should  bear  in 
mind  that  these  results  depend  on  the  particular  values  of  r,  H  and  fi  that  have  been 
used.  If  these  constants  are  increased,  these  percentages  would  decrease.)  Thus, 
for  practical  purposes,  there  would  be  no  advantage  to  a  value  of  £>max  that  was 
much  greater  than  10ms.  This  also  means  that  realistic  values  of  Dmxx  correspond 
to  the  ones  for  which  the  modification  made  to  the  talker  model,  i.e.,  only  a  single 
transition  between  consecutive  service  instants  at  a  given  station,  is  justified. 

A  comparison  of  the  curves  in  Fig.  4.6  of  delay  versus  N  with  and  without 
silence  suppression  shows  the  advantages  of  silence  suppression.  For  a  given  value 
of  D,  the  value  of  N  when  silence  suppression  is  in  effect  is  greater  than  that  when 
silence  suppression  is  not  in  effect.  In  Table  4.2,  we  compare  some  representative 
values  of  N  that  lead  to  a  given  delay.  We  see  that,  when  silence  suppression  is  in 
effect,  the  number  of  sources  that  leads  to  a  given  delay  is  consistently  greater  than 
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w 

Mb/s 

D 

ms 

N  with  no 
suppression 

JV  with 
suppression 

J 

Factor 

Increase 

*  TASI 

Advantage 

i 

0.559 

5 

11 

2.20 

1.73 

l 

1.46 

9 

20 

2.20 

0.559 

50 

108 

2.16 

2.07 

1.46 

90 

202 

2.20 

0.559 

500 

1106 

2.20 

1.46 

900 

2006 

2.20 

Anax  =  100ms  Wj  =  0 


Table  4.2.  Comparison  of  silence  suppression  and  no  silence  suppression  showing 
the  number  of  active  sources  required  for  a  given  packet  delay.  The 
factor  increase  in  N  for  TASI  is  also  shown. 


when  there  is  no  silence  suppression  by  a  factor  of  2.2  which,  as  expected,  is  the 
value  of  1 1 pi.  (Recall  that  pt  is  the  probability  of  a  talker  being  in  the  talk  state.) 
For  these  values  of  D  and  W,  there  is  no  loss  of  speech  due  to  clipping.  If  larger 
values  of  D  are  used  such  that  clipping  does  occur  for  the  silence  suppression  case, 
the  factor  increase  in  N  is  greater  than  1/p*.  The  last  column  in  Table  4.2  shows  the 
factor  increase  in  N  that  can  be  expected  in  a  TASI  system  with  G  <  1%.*  Clearly, 
silence  suppression  in  the  packet  voice  system  provides  more  efficient  multiplexing 
of  the  voice  channels  than  does  TASI. 

In  Fig.  4.7,  we  plot  D  versus  N  for  the  same  values  of  W  and  Dmax  as  in  Fig.  4.6. 
However,  Fig.  4.7  shows  results  for  the  case  where  Wj  =  0.3W.  We  see  in  this  figure 
that  the  delay  is  never  less  than  0.3 DmiX  since  there  is  a  data  train  of  this  duration 
between  consecutive  packets  from  a  given  station.  As  a  result,  the  curves  in  Fig.  4.7 
are  higher  than  those  in  Fig.  4.6.  In  addition,  for  N  Nmix,  the  curve  is  flatter 
with  Wj  =  0.3 W  as  compared  to  the  curves  with  Wj  =  0  since,  for  low  values  of  N, 
the  dominant  component  of  the  delay  is  the  length  of  the  data  train  which  is  a  fixed 

*In  order  to  achieve  a  value  of  G  that  is  less  than  1%,  practical  TASI  should  satisfy  the  condition 
Np\  +  \/A'pt  <  c  where  c  denotes  the  number  of  available  channels  [5C|.  For  Table  4.2,  c  is  computed 
from  c  =  \  W  jV\. 
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Voice  Delay  (ms) 


value.  Furthermore,  since  30  percent  of  the  bandwidth  is  being  used  by  data  traffic, 
An«  is  reached  with  fewer  active  stations  than  when  all  the  bandwidth  is  available 
to  voice  traffic.  The  effect  of  silence  suppression  with  Wd  =  0.31V  is  similar  to  that 
when  Wd  =  0.  That  is,  the  curves  appear  to  be  shifted  towards  the  right  and  there 
is  no  particular  value  of  N  that  results  in  a  discontinuity  in  D. 

To  see  more  clearly  the  effect  of  data  traffic  on  the  voice  delay,  we  show  in 
Fig.  4.8  D  versus  N  for  various  values  of  Wd.  Only  the  case  where  W  =  lOOMb/s 
and  An  a*  —  10ms  is  shown.  For  a  given  JV,  D  increases  as  Wd  increases  because 
the  length  of  the  data  train  is  increased.  Also,  the  value  of  Nmax  that  is  approached 
as  D  —  Ana*  becomes  smaller  as  Wd  is  increased  since  a  greater  fraction  of  the 
bandwidth  is  being  consumed  by  data  traffic.  (For  DmiX  —  10ms,  W  =  lOOMb/s, 
and  the  case  where  there  is  no  silence  suppression,  NmiJC  falls  from  1417  at  Wd  =  0 
to  417  at  Wd  =  70Mb/s.) 

The  above  results  have  described  the  characteristics  of  the  average  packet  delay. 
It  is  also  interesting  to  examine  the  variance  of  the  packet  delay.  When  no  silence 
suppression  is  in  effect,  the  voice  delay  is  deterministic  and  hence,  the  variance  of 
delay  is  zero.  With  silence  suppression,  the  delay  becomes  stochastic.  We  plot  in 
Fig.  4.9  the  variance  of  delay  of  a  voice  packet  as  a  function  of  N  with  Wd  =  0 
for  the  case  where  silence  suppression  is  in  effect.  As  can  be  seen  in  the  figure,  the 
variance  is  small  when  N  is  small,  reaches  a  peak  as  the  network  approaches  its 
maximum  load  carrying  capacity,  and  then  drops  of  to  a  small  but  constant  value 
as  D  — *  Anw  This  is  explained  as  follows.  As  N  increases,  the  fluctuations  in  the 
number  of  transmissions  in  a  round  increase,  the  length  of  a  packet  becomes  more 
random,  and  the  length  of  a  round  has  greater  variance.  Hence  the  variance  of  delay 
increases.  As  the  network  becomes  overloaded  and  clipping  occurs,  the  delay  of  the 
voice  samples  that  are  transmitted  becomes  equal  to  An«  with  probability  1.  As 
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Fig.  4.8  Voice  delay  versus  N  with  W  =  lOOMb/s,  Dmax  =  10ms,  and  various 
values  of  Wj  showing  the  effect  of  data  traffic  on  the  voice  delay. 
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Variance  of  Voice  Delay 


Active  Voice  Sources 


Fig.  4.9  Variance  of  delay  as  a  function  of  N  with  Wj  =  0.  The  curves  show  the 
case  where  silence  suppression  is  in  effect.  If  there  is  no  silence  suppres¬ 
sion,  the  variance  is  zero. 


Table  4.3.  Comparison  of  increase  in  N  for  varying  degrees  of  clipping  and  various 
values  of  W  and  Dmix. 


a  result  the  variance  should  drop  to  zero.  However,  there  remains  some  variance 
of  delay  which  accounts  for  the  random  delay  of  packets  comprising  the  beginnings 
and  ends  of  talkspurts. 

We  now  exam5"  the  effect  of  overloading  the  network  which  can  occur  by  allow¬ 
ing  too  mar  j  *  rice  sources  to  be  active.  The  overload  is  measured  by  the  fraction 
of  speech  lost  due  to  clipping.  Most  previous  work  in  this  regard  has  been  applied 
to  TASI  systems  (56],  where  a  speech  loss  of  0.5  percent  is  regarded  as  acceptably 
small  [57].  We  note  that,  with  TASI,  all  speech  loss  occurs  at  the  beginning  of  a 
talkspurt.  In  a  packet  speech  system  such  as  the  one  investigated  in  this  work,  we 
expect  that  multiple  packets  from  the  the  same  talkspurt  would  be  clipped.  Hence 
we  expect  that,  as  compared  to  a  TASI  system,  a  packet  speech  system  could  tol¬ 
erate  a  greater  fraction  of  speech  loss  for  the  same  subjective  degradation  in  the 
quality  of  the  received  speech  signal.  Jayant  and  Christensen  claim  that,  depending 
on  the  coding  scheme  used,  losses  around  2  percent  are  acceptable  [54].* 


‘Another  measure  of  the  degradation  of  the  speech  signal  which  has  been  used  in  the  literature  is 
the  size  of  a  glitch.  In  [57]  it  is  reported  that,  with  respect  to  glitches,  “high  quality”  speech  can 
be  maintained  if  individual  glitches  are  kept  below  50ms.  A  ballpark  measure  of  the  glitch  size  can 
be  obtained  from  the  fraction  of  speech  lost.  For  losses  of  say  2%  and  packets  comprising  100ms 
of  speech,  the  glitch  size  is  on  the  order  of  2ms.  As  a  result,  the  size  of  a  glitch  is  limited  to  a 
negligible  value,  for  practical  purposes,  by  the  tolerable  level  of  lost  speech.  This  is  because  we 
have  assumed  that  each  clipped  talkspurt  contains  multiple  small  glitches  as  opposed  to  a  single 
large  one.  Thus  in  this  work,  the  size  of  a  glitch  is  not  considered  to  be  a  useful  measure  of  speech 
quality. 
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Fig.  4.10  Fraction  of  speech  lost  due  to  clipping  versus  N  with  Wj  =  0. 
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In  Fig.  4.10,  we  plot  the  fraction  of  speech  lost  G  as  a  function  of  N  for  Wj  =  0, 
W  =  lOMb/s  and  lOOMb/s,  and  Dmax  =  1ms,  10ms  and  100ms.  For  the  case  where 
there  is  no  silence  suppression,  the  curves  show  that  there  is  a  sharp  rise  in  G  from 
zero  as  N  increases  from  N  =  Nmax,  which  indicates  that  even  a  few  excess  voice 
sources  will  cause  unacceptable  speech  loss.  Table  4.3  shows  that  an  excess  of  voice 
sources  which  is  on  the  order  of  1,  2,  or  5  percent  of  NmiX  leads  to  a  speech  loss 
which  is  on  the  order  of  1,  2,  or  5  percent,  respectively.  Thus,  there  is  very  little 
gain  in  N  with  acceptable  amounts  of  speech  loss.  However,  a  few  voice  sources  in 
excess  of  iVmax  can  be  tolerated.  When  silence  suppression  is  in  effect,  it  is  possible 
to  have  more  than  Nmajc  sources  on  the  network  without  incurring  any  speech  loss. 
As  N  is  increased  (beyond  NmiX)  30  that  clipping  begins  to  occur,  G  increases 
from  zero,  gradually  at  first  but  then  as  steeply  as  in  the  case  where  there  is  no 
silence  suppression.  We  note  that,  even  with  silence  suppression,  there  is  a  non-zero 
probability  that  clipping  will  occur  for  N  >  NmiX.  Thus  to  guarantee  zero  speech 
loss,  we  require  that  N  <  iVmax  regardless  of  whether  silence  suppression  is  used  or 
not.  However,  Fig.  4.10  shows  that,  when  silence  suppression  is  in  effect,  there  is 
negligible  speech  loss  for  values  of  N  up  to  about  2Nm!iX.  An  expanded  view  of  the 
critical  region  of  Fig.  4.10  is  presented  in  Fig.  4.11. 

Fig.  4.10  also  shows  the  effect  of  DmiX  on  G.  As  Dmax  is  increased,  a  larger 
value  of  N  can  be  achieved  for  the  same  loss  rate.  But  as  we  noted  before,  increasing 
Dmax  above  about  10ms  results  in  a  diminishing  gain  in  N.  The  effect  of  Wj  on  G 
is  shown  in  Fig.  4.12.  Increasing  Wj  causes  a  shift  of  the  curve  to  the  left,  meaning 
that,  as  expected,  fewer  voice  sources  can  be  accommodated. 

Lastly,  we  examine  the  effect  of  voice  sources  on  the  bandwidth  available  to 
data  traffic  under  the  assumption  that  the  length  of  the  data  train  is  always  the 
maximum  permissible.  In  Fig.  4.13,  we  plot  W \  versus  N  with  Wj  =  0.3W  and 
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Fig.  4.11  Fraction  of  speech  lost  due  to  clipping  versus  N  with  VV  =  lOMb/s  and 
Wj  =  0  showing  the  critical  region  where  clipping  begins  to  occur. 
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Fig.  4.12  Fraction  of  speech  lost  due  to  clipping  versus  N  with  Dmix  =  10ms.  The 
curves  show  only  the  case  where  there  is  no  silence  suppression. 


215 


Actual  Data  Bandwith  (Mb/s) 


various  values  of  W  and  Dmax.  We  only  show  curves  for  the  case  where  there  is  no 
silence  suppression.  The  curves  for  the  case  where  silence  suppression  is  in  effect 
are  similar.  As  expected,  Fig.  4.13  shows  that,  if  N  is  small,  W \  is  close  to  W  and 
the  data* traffic  is  able  to  make  use  of  the  total  bandwidth.  As  N  increases,  some 
of  the  bandwidth  is  consumed  by  voice  traffic  and  W A  decreases.  At  N  —  Nmax, 
is  equal  to  the  minimum  bandwidth  required,  W&.  Increasing  N  beyond  Wmax 
causes  WA  to  decrease  below  the  specified  minimum.  Thus,  allowing  too  many  voice 
sources  on  the  network  degrades  the  performance  achieved  by  data  stations. 


4.8  Summary 

In  this  chapter,  we  described  an  access  protocol  for  integrating  voice  and  data  on 
a  local  area  network  with  round  robin  service.  The  protocol  was  designed  to  satisfy 
the  minimum  delay  requirements  of  voice  traffic  and,  at  the  same  time,  to  guarantee 
a  minimum  bandwidth  to  data  stations.  In  addition,  the  available  bandwidth  in 
excess  of  the  minimum  allocated  is  automatically  and  dynamically  made  available 
to  data  traffic  when  it  is  not  being  used  by  voice  sources.  The  method  by  which  a 
voice  station  forms  a  packet  is  unique  in  that  the  time  spent  in  forming  a  packet  is 
incurred  concurrently  with  the  time  waiting  to  access  the  network.  This  is  achieved 
by  allowing  variable  size  packets  to  be  transmitted.  The  packet  size  is  automatically 
adjusted  to  the  load  on  the  network,  eliminating  concerns  regarding  the  optimal 
packet  size. 

A  mathematical  model  of  the  system  was  developed  and  analyzed  to  provide 
a  quantitative  evaluation  of  the  performance  that  voice  sources  could  expect  from 
the  network.  We  showed  that  the  network  is  able  to  multiplex  a  large  number  of 
voice  sources  onto  the  channel  efficiently.  Delay  constraints  can  be  not  only  realistic 
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but  desirably  low.  In  addition,  we  showed  that  data  traffic  was  able  to  capture  any 
bandwidth  not  being  used  by  the  voice  sources.  To  guarantee  the  delay  constraint 
and  minimum  bandwidth  to  data  traffic  in  the  deterministic  system,  the  number  of 
Active  voice  sources  at  any  time  must  be  limited  to  NmiX.  Even  a  few  voice  stations 
in  excess  of  NmdLX  (a  one  or  two  percent  increase  in  N  over  Nmix  or  more)  causes 
unacceptable  speech  loss  due  to  clipping  and,  in  addition,  results  in  data  stations 
achieving  less  of  the  bandwidth  than  the  specified  minimum. 

A  comparison  of  simulation  results  showing  the  performance  of  the  stochastic 
system  with  analytical  results  showing  the  performance  of  the  deterministic  system 
indicates  that,  for  a  given  packet  delay  and  channel  bandwidth,  a  larger  number 
of  voice  sources  can  be  accommodated  if  silence  suppression  is  in  effect  since  each 
voice  source  has  a  lower  bandwidth  requirement  on  the  average.  For  the  stochas¬ 
tic  system,  there  is  no  definitive  value  that  N  must  be  limited  to.  However,  the 
results  indicate  that  approximately  2 JYm*x  voice  sources  can  be  accommodated  with 
negligible  speech  loss. 
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Chapter  5 


Conclusions  and  Future  Research 


5.1  Conclusions 

In  this  work,  we  investigated  and  evaluated  a  new  class  of  local  area  network 
proposals,  suitable  for  broadcast  bus  systems  that  have  been  recently  proposed  in 
the  literature.  We  refer  to  these  schemes  as  Demand  Assignment  Multiple  Ac¬ 
cess  (DAMA)  Schemes.  In  chapter  2  we  have  identified  three  basic  access  mech¬ 
anisms  according  to  which  it  has  been  possible  to  classify  these  schemes.  These 
are  the  scheduling  delay  access  mechanism,  the  reservation  access  mechanism,  and 
the  attempt-and-defer  access  mechanism.  We  described  these  access  mechanisms 
together  with  the  various  network  configurations  proposed  for  their  implementa¬ 
tion.  Then,  for  each  of  the  basic  access  mechanisms,  we  discussed  those  schemes 
belonging  to  that  class. 

With  this  classification,  we  were  able  to  present  the  numerous  network  schemes 
in  a  unified  manner  and  identify  characteristics  by  which  they  may  be  similar  or 
may  differ.  We  have  also  suggested  that  characteristics  of  some  schemes  can  be  seen 
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as  variations  or  special  cases  of  another,  and  that  a  feature  proposed  for  one  could, 
in  some  cases,  be  applied  to  another. 

We  also  showed  in  chapter  2  how  new  network  schemes  evolved  from  the  tech¬ 
niques  used  in  existing  schemes  or  schemes  that  had  been  previously  proposed.  This 
leads  us  to  believe  that  the  classification  will  be  useful  to  facilitate  the  development 
of  improved  access  protocols  based  on  the  concepts,  and  understanding  of  the  per¬ 
tinent  issues,  which  can  be  gleaned  from  this  unified  presentation  of  the  recent 
network  proposals. 

To  evaluate  in  detail  the  performance  of  DAMA  schemes,  we  analysed  in  chap¬ 
ter  3  the  three  service  disciplines  NGSS,  GSS,  and  HOLS  operating  in  two  schemes, 
Expressnet  and  Fasnet.  The  analysis  incorporated  some  novel  recursive  techniques 
for  calculating  the  probabilities  of  various  events  which  could  potentially  be  applied 
to  the  analysis  of  other  semi-Markov  chains.  Numerical  results  showed  that  these 
systems  can  achieve  a  channel  utilization  close  to  100  percent  even  when  the  chan¬ 
nel  bandwidth  is  high  or  the  propagation  delay  of  the  signal  over  the  network  is 
large.  The  throughput-delay  characteristics  are  excellent  and  the  maximum  delay 
is  bounded 

Lastly,  we  applied  these  DAMA  schemes  to  the  communication  needs  of  real¬ 
time  speech  by  investigating  an  integrated  voice  and  data  access  protocol  for  Ex¬ 
pressnet.  The  access  protocol  that  was  proposed  is  unique  in  that  it  automatically 
and  dynamically  adjusts  the  size  of  a  voice  packet  to  match  the  load  on  the  net¬ 
work  thereby  forcing  the  packet  formation  delay  and  the  network  access  delay  to 
be  incurred  concurrently.  The  system  was  mathematically  modelled  and  analyzed. 
Numerical  results  showed  that  the  network  is  able  to  multiplex  a  large  number  of 
voice  sources  onto  the  channel  efficiently,  delay  constraints  can  be  realistic  and  de¬ 
sirably  low,  and  data  traffic  is  able  to  capture  any  bandwidth  not  being  used  by 
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voice  sources. 


In  summary,  many  of  the  implicit  token  DAMA  schemes  that  have  been  pro¬ 
posed  overcome  the  performance  limitations  of  random  access  schemes  and  therefore 
are  well  suited  to  high  bandwidth  environments.  Due  to  the  round  robin  nature  of 
the  service  disciplines,  they  guarantee  an  upper  bound  on  the  packet  delay.  This 
attribute,  together  with  the  capability  to  achieve  high  utilization  of  the  bandwidth, 
makes  them  suitable  for  the  integration  of  a  large  number  of  traffic  types,  including 
those  with  real  time  constraints. 


5.2  Suggestions  for  Additional  Research 

Several  areas  of  related  research  have  been  untouched  in  this  work.  In  the 
performance  analysis  presented  in  chapter  3,  we  made  the  assumption  that  each 
station  had  only  a  single-packet  buffer.  It  would  be  interesting  to  extend  the  analysis 
and  numerical  results  of  chapter  3  to  accommodate  the  case  where  stations  have 
multiple-packet  buffers.  With  this  change  to  the  model,  the  specification  of  the 
s^ate  space  requires  a  vector  of  size'A/  (where  M  denotes  the  number  of  stations 
on  the  network)  in  order  to  fully  describe  the  state  of  the  system  at  the  embedded 
points  of  the  embedded  Markov  chain.  The  t*1*  element  of  this  vector  denotes  the 
number  of  packets  in  the  buffer  of  station  5,-. 

Although  this  approach  to  a  solution  appears  to  be  feasible,  the  mathematics 
would  be  extremely  cumbersome.  In  addition,  since  the  state  space  is  large  for 
reasonable  values  of  M*  this  method  will  not  be  useful  for  numerical  results.  A 

‘The  size  of  the  state  space  is  given  by  MB  where  B  is  the  buffer  size.  Even  with  B  =  2  and 
M  —  10,  the  size  of  the  state  space  is  100.  In  computing  numerical  results  from  the  analysis  in 
chapter  3,  we  were  limited  to  M  =  50  which  corresponds  to  a  state  space  of  size  50. 
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simulation,  on  the  other  hand,  appears  to  be  a  viable  alternative.  With  simulation, 
one  could  also  investigate  different  distributions  on  the  generation  rate  of  packets, 
as  well  as  different  packet  generation  rates  for  each  of  the  stations. 

We  can  identify  two  issues  associated  with  voice  communication  on  a  local  area 
network  that  have  not  been  addressed.  The  first  is  peculiar  to  Expressnet  and 
concerns  the  voice  admission  policy,  i.e.,  the  method  whereby  a  new  station  is 
prevented  from  placing  a  call  if  the  network  is  already  supporting  the  maximum 
allowable  number  of  active  voice  stations.  In  any  implementation  that  is  in  keeping 
with  the  fully  distributed  spirit  of  Expressnet,  a  distributed  algorithm  must  be 
devised,  perhaps  requiring  the  explicit  exchange  of  information,  that  enables  a  voice 
station  to  determine  the  number  of  active  voice  sources  at  any  time.  Alternatively,  a 
voice  station  could  estimate  the  number  of  active  voice  sources  from  the  activity  on 
the  channel.  If  silence  suppression  is  not  in  effect,  a  station  can  make  an  accurate 
estimate  by  merely  counting  the  number  of  packets  in  a  voice  train.  If  silence 
suppression  is  in  effect,  various  techniques  for  estimating  the  number  of  active  voice 
sources  from  the  length  of  the  voice  train  and  the  model  of  a  talker’s  activity  could 
be  investigated  to  determine  their  accuracy,  and  to  evaluate  the  consequences  of 
the  error  in  the  estimates. 

The  second  issue  pertaining  to  voice  communication  on  packet  switched  net¬ 
works  concerns  the  method  by  which  packets  are  decoded  at  the  receiver  to  recreate 
the  speech  signal.  Recall  that  the  inter-arrival  times  of  packets  to  the  receiver  are 
random.  The  receiver  must  buffer  packets  as  they  arrive  and  play  them  back  in  such 
a  way  so  as  to  best  preserve  the  the  continuous  nature  of  the  original  speech  while 
minimizing  the  buffering  delay  at  the  receiver.  Some  issues  to  be  addressed  concern 
the  required  size  of  the  buffer,  the  action  to  be  taken  if  the  buffer  is  emptied  before 
a  new  packet  arrives,  and  the  compensation,  if  any,  to  be  made  to  accommodate 
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clipped  packets.  Some  researchers  have  already  addressed  the  issues  pertaining  to 
signal  reconstruction  techniques  [58],  [59],  [60].  However,  additional  effort  in  this 
area  is  required,  especially  with  regard  to  the  peculiarities  of  the  voice/data  access 
protocol  described  in  chapter  4. 

Looking  beyond  the  integration  of  voice  and  data  traffic,  we  expect  the  network 
to  satisfy  the  communication  needs  of  other  services  as  well.  It  would  be  useful 
to  investigate  the  ability  of  DAMA  networks  to  carry  multiple  types  of  traffic. 
Questions  that  one  might  ask  include:  what  other  traffic  types  might  one  expect 
the  network  to  carry;  what  are  the  delay  constraints  and  bandwidth  requirements  of 
these;  is  it  sufficient  to  describe  a  traffic  type  by  its  delay  constraint  and  bandwidth 
requirement  or  are  additional  attributes  required?  Having  decided  on  the  traffic 
types,  a  method  whereby  these  can  be  most  efficiently  integrated  must  be  devised. 
A  set  of  rules  to  configure  the  access  protocol  so  as  to  accommodate  an  arbitrary 
number  of  traffic  types  would  be  extremely  useful  in  the  design  of  a  local  area 
network. 


» 
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